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PREFACE 
From May 1982 to May 1985 I have worked on a project which was entitled "Phonetic 
modeling of larynx activity with the accent on the aerodynamic aspects of the voiced-
voiceless distinction." This research was supported by the Foundation for Linguistic 
Research which is funded by the Netherlands Organization for the Advancement of Pure 
Research, ZWO. This thesis describes the results obtained during the project and the one and 
a half year after its formal termination. The research forms part of the research program of 
the Institute of Phonetics in Nijmegen, and as such it reflects that one of the main interests at 
this institute is directed towards problems which are related to the human voice. The direct 
motivation to start the investigations were the problems encountered in reconstructing glottal 
flow pulses from inverse filtering of the acoustic speech signal. These problems were 
attributed to the fact that existing models of the speech production apparatus are not adequate 
under all circumstances, and it was concluded that a deeper understanding of the physical 
principles underlying the functioning of the voice source was needed. 
This thesis covers only a part of the problem areas adressed in the original project 
formulation. This restriction is reflected by its title. As time went by, and our insight into the 
phonation problem grew, we became more and more aware of the fact that crucial knowledge 
about the underlying physics was still lacking. Therefore, we have concentrated on those 
problems which we judged to be the most basic ones from an acoustic point of view, i.e., 
the relation between transglottal pressure, glottal flow, and glottal geometry. 
All chapters of this thesis except Chapter 1 have been published before in the form of 
articles (Chapter 2,4, and 5), or have been submitted for publication (Chapter 3). I have 
chosen to order these articles according to a logical criterion rather than a chronological one. 
Because the subproblems described in the papers are treated in relative isolation, the need 
was felt to write a chapter that would "glue" the separate papers together, indicating the 
continuous thread, and giving an up to date overview of the results and the problems that are 
still to be solved. The first chapter is intended to serve that purpose. Moreover, this chapter 
is also used to provide some background information which could not be included in the 
articles themselves for reasons of compactness. As a consequence of this approach, a 
considerable amount of information is presented twice, so that Chapter 1 could also be 
characterized as an extensive summary. 
Scientific research is seldomly the product of one person. Lest one think that the present 
study is an exception to that rule, I would like to emphasize that the results reported in this 
thesis are the product of a complex interaction process where various people have been 
involved. 
There are a few colleagues who deserve special mentioning, because I think they have 
contributed to a significant degree to the work described in this thesis. The first one is, of 
course, the co-author of the articles that form the body of this thesis. He has been around 
since the very beginning of the project and has spent many hours in discussing my problems 
on critical moments. He also served as a subject in several of my experiments. Furthermore, 
he never stopped telling me that I was trying to present my data in a too condensed form to 
be comprehensible. It is to a large extent due to his objective view and his good command of 
English that the articles have a more or less readable form. 
As you will be able to read, also a lot of specialized hand work had to be done during 
the project Especially the sessions in which we recorded all kinds of physiologically relevant 
signals would not have been as successful as they were if Nico van Rossum and Hans 
Zondag had not assisted the way they did. Nico van Rossum also volunteered as a subject in 
one of the experiments. Unfortunately, these measurements didn't turn out to be good 
enough to allow absolute pressure calibration, so you won't see them in this thesis. Last but 
not least, the pressure sensors would have been useless instruments without the skillful help 
of Drs. CLE. Jansen and Drs. Ph. Blok who inserted the catheter into the subject's trachea. 
Although it was hard to accept, I learned that phonetics is much too diverse a discipline 
to exchange ideas about physical modeling into detail with everyone working in this field. 
This does not mean, however, that colleagues who have not explicitly been mentioned did 
not contribute to the final result of my work. Much of the pleasure one feels when working 
among colleagues comes from the respect and appreciation one gets from them. It is for the 
feeling of being appreciated that I would like to thank all of them. I am sure that the results of 
this project would have been much poorer without it 
Each time I decided I had to clarify some problem definition, many hours have been 
spent discussing these problems with others. Also when I was on conferences reporting on 
work already done, I have met many people prepared to help me to organize my thoughts, 
and to discuss ways for working out specific problems. I am greatly indebted to all those 
people, colleagues and non-colleagues, who have showed their interest and who encouraged 
me to go on, not in the last place the reviewers who have commented on the articles I 
submitted, and who have contributed substantially in improving them. 
Finally, I want to thank my wife Hella who showed so much patience in the conception 
phase of this book and who helped me in proof reading the manuscript 
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Chapter 1 
OUR RESEARCH INTO THE PHYSICAL PRINCIPLES 
OF THE VOICE SOURCE 
An overview 
ι 
I. MODELING THE GENERATION OF VOICED SOUNDS 
Modeling can be a powerful tool for isolating the most essential properties of a system 
or process. Very often it is quite difficult, however, to establish whether a given model is 
adequate. Moreover, the definition of adequacy is very dependent on the purpose. One of the 
risks one runs in modeling reality is oversimplification: Certain observations may not be 
explained by too simple a model, or even worse, may be "explained" falsely. Thus, studying 
reality by means of a model has to be done with great caution. At all stages one has to be 
aware that discrepancies may exist between model behavior and reality. Only after having 
established the conditions in which a model is a valid representation of the system under 
consideration, outcomes of experiments may be safely used in explaining related observa-
tions from reality. 
The movements of the vocal folds and articulator organs involved in speech production 
are so complex that it is impossible to describe them in every detail. However, for under-
standing the fundamental acoustical principles of speech production many of these details are 
of minor importance, and for many purposes phonation and articulation can be described to 
an acceptable degree of accuracy in terms of relatively simple models. It appears that in 
accordance with the intuitive notion that phonation and articulation are different processes, 
the (voiced) speech signal can be separated into a laryngeal and a vocal tract component, 
which are more or less independent: The speech signal can be considered as the output of an 
acoustic filter (the vocal tract) which (at least in the case of voiced sounds) is excited by the 
flow pulses at the outlet of the glottis. 
It seems that most of the effort in modeling the speech production process has been 
spent to vocal tract modeling. This is easy to understand by recalling that the intelligibility of 
speech is more closely related to the movements of the articulators (i.e., the shape of the 
vocal tract) than to the exact characteristics of the glottal flow. For many practical applica-
tions, however, it is not only important that one has a good understanding of how the 
linguistic content is "coded", but also how prosodie information and voice quality must be 
handled. In speech synthesis by machines, for instance, it may be desirable to make the 
synthetic voice as natural sounding as possible. Also for automatic speaker recognition it 
might appear favorable to know more about how the information in voiced speech sounds 
can be disentangled into a laryngeal and a vocal tract component Besides a more general 
purely scientific interest and possible medical applications, this provides the motivation for 
modeling of the voice source. 
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The quasi-periodic air pulses during voicing are caused by interaction between the air 
flow and the vocal folds. Due to an overpressure in the lungs the air tries to escape via the 
glottis and the vocal tract into the open air. As the airflow builds up, the pressure within the 
glottis (which acts so as to force the vocal folds apart against the tissue elasticity forces) 
decreases, and as a result the vocal folds are sucked together. As the glottis becomes nar­
rower, however, the flow resistance of the glottis becomes higher due to which the flow will 
tend to decrease, so that the pressure within the glottis will rise again and the glottis will 
become wider. For certain combinations of lung pressure, rest opening between the vocal 
folds, and visco-elastic parameters (like mass distribution, elasticity, and damping) of the 
vocal fold tissue, these counteracting forces may set the vocal folds into vibration, thus 
giving rise to a modulated air flow. It is clear that in order to model the process which 
governs the waveform of the airflow pulses, it is necessary to understand how glottal flow 
(C/ ) depends on transglottal pressure (P^) and glottis geometry. Another way to pose the 
problem is to ask how the acoustic impedance ζ - PJV depends on the glottis geometry. 
Note that as long as the net dc flow does not generate any sound on its way out, this compo­
nent can be considered as a carrier flow which is of no interest from an acoustic point of 
view. 
As a first approximation a voiced speech signal can be considered as the output of an 
all-pole filter (representing the vocal tract) which is excited by a quasi-periodic flow, № in the 
electrical analogon, current source with an internal shunt impedance. The flow source in this 
approximation is the Norton equivalent of the lung pressure source with the glottal imped­
ance in series. Due to the fact that in general the cross-sectional area of the glottis is small 
compared with the typical cross-sectional areas of the vocal tract, the acoustic impedance of 
the glottis is relatively high compared with the acoustic impedance of the vocal tract If it can 
be assumed that the acoustic impedance of the glottis is always much greater than the acoustic 
impedance of the vocal tract, the internal shunt impedance of the voice source may be 
discarded, making the source and filter linearly separable: The load impedance of the filter 
has no effect on the glottal flow waveforms. Another important implication of this 
assumption is that the glottal flow pulses can be considereed to be solely dependent on the 
way in which the vocal folds open and close. 
A closer examination of the physical processes which play a role in the generation of 
voiced sounds reveals that glottal flow is not really independent of the vocal tract filter. 
Although the way in which the vocal folds open and close does determine the main properties 
of the airflow pulses, a nonnegligible part of the details in the waveform of the glottal flow is 
due to the pressure variations which are induced in the trachea and vocal tract In other 
3 
words, the (flow dependent) acoustic impedance of the glottis cannot really be considered as 
infinitely high. Moreover, since it also means that the induced pressure variations cannot be 
neglected, the Norton equivalent voice source would become dependent on the acoustic 
impedance of the vocal tract This mutual dependency of transglottal pressure and glottal 
flow obviously creates a nonlinear problem. In order to solve this problem in a way that 
really advances our knowledge of the phonation process, it is necessary to understand the 
details of the underlying physics to such an extent that the relevant details can be translated 
into the parameters of a suitable model of the acoustics and aerodynamics of speech 
production. 
Looking at the various existing models of the speech production apparatus, it is 
important to realize that very much of the scientific work going on in the speech field is done 
with the aim of reducing speech transmission or storage cost Although this means that in 
these cases data reduction is the main goal (which is primarily a statistical problem), it is not 
very surprising that there is a large class of models that have a physical basis. However, it is 
neither very surprising that most of the models never have been subjected to explicit tests in 
order to establish the extent to which they really yield valid results in describing the physical 
details: Whether a given model is adequate for speech technological applications is not 
determined primarily by its predictive power in the physical domain. 
Because our own interest is mainly in phonetics and because we would like to have a 
tool that can safely be used for fundamental research, our interest reaches further than a 
parsimonious representation of speech. Our models will also have to reflect the physical 
principles of speech production correctly. As stated before, several models which were 
primarily developed for speech technological applications have a physical basis and therefore 
seem to have a great potential for phonetic purposes. If we confine our attention to speech 
production models in which the physical details of the voice source are taken into account, 
we may roughly discern three categories of models. 
The first category tries to find a convenient voice source definition to allow of a flexible 
voice control in speech synthesis by parameterizing the shape of the glottal flow pulse. Often 
the glottal flow is not parameterized directly, but it is assumed that the way in which the 
glottis geometry changes in time can be characterized by a limited set of parameters [generally 
the set comprises a.o. an analytic function that represents some glottal area (A ) waveform]. 
This approach allows to consider the glottal flow as to consist of two components: (1) a 
component which would be measured if the flow coming out of the glottis would expand 
directly into the free air with a constant atmospheric pressure (thus, making this component 
solely dependent on the glottis geometry) and (2) a component which is due to the fact that 
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the flow does not expand into the open air but into the vocal tract (due to which pressure 
changes are induced which in their turn influence the flow). Although some physiological 
interpretation could be given to the glottal area (A ), such an interpretation is not necessary 
for the model to work properly as a synthetic voice source. An examples of this kind of 
model is Fant (1979). 
The second class of voice source models is somewhat more physiologically oriented. 
The application field is (like in the first category) mainly in the acoustic domain. The main 
difference with the first category of models is that control of the glottis geometry is not 
prescribed by some explicit function, but takes place via a modeling process which is 
controlled by physiological parameters. In fact the geometry of the glottis, and consequently 
the acoustic impedance of the glottis, is obtained by modeling the interaction between an air 
stream and the vocal fold tissues. Thus many important features like e.g., voiced/unvoiced 
control, are implicit functions of physiological parameters like glottal rest area, vocal fold 
tension, etc. Examples of this type of model are Flanagan and Landgraf (1968), Ishizaka and 
Ranagan (1972), Descout et al. (1980), and Penier (1982). The parameterization of the 
glottis geometry is generally based on a relatively crude stylization of the shape of the glottal 
air plug/vocal voids. 
The third category of models to be discerned is used with the intention not only to 
capture the most important properties of the flow control mechanism, but also (or primarily) 
the details of the interaction between air stream and visco-elastic vocal fold tissues and tissue 
movements. Examples of this category are Titze (1973, 1974), Titze and Strong (1975), 
Titze and Talkin (1979). When the only goal is modeling the generation of the acoustic 
speech signal, this type of model probably has too many degrees of freedom to be useful. 
To the best of our knowledge no explicit test have been carried out to check to what 
extent the models mentioned above give an adequate description of the acoustic impedance of 
the glottis, at least not in another way than by attempts to establish whether the model, when 
loaded by a vocal tract model, can generate credibly looking (according to the theory 
developed thusfar) flow pulses, or can produce vowel sounds of a normal quality. In this 
book a first attempt is described to put one of the models of the second category (namely the 
two-mass model of Ishizaka and Flanagan (1972)) to such a test. From a qualitative point of 
view the two-mass model has appeared to be capable of simulating the most basic properties 
of vocal fold behavior under realistic circumstances. Most importantly, the interaction with 
an air flow passing between the folds may lead to self-oscillation. As opposed to the 
one-mass model proposed in Flanagan and Landgraf (1968) this self-oscillation also occurs 
when the model is loaded with an acoustic impedance which is mainly capacitive. Moreover, 
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the two-mass model is capable, be it in a very crude way, of simulating the often observed 
phase difference between upper and lower margins of the folds. This makes the two-mass 
model one of the most simple models which has not a-priori been proven to be madequate on 
qualitative grounds. 
II. AIM OF THE PRESENT STUDY 
In the two-mass model each vocal fold is modeled as two stiffnes coupled masses 
which, due to interaction with passing air, may oscillate in lateral direction around a rest 
position (see Fig. 1.1). Each mass is attached to a rigid wall (representing the bony 
structures of the larynx) via a spring-dashpot system (representing the bulk properties of the 
vocal fold tissue). Thus, the glottal slit is represented as a cascade of two rectangular ducts. 
During voiced sounds the oscillating valve interrupts the air flow into a series of pulses 
which then serve as an excitation source for the resonances of the vocal tract. In the 
two-mass model the customary assumption of linear separability of voice source and vocal 
tract filter is not made; instead, the generation of flow pulses is completely determined by 
physiological parameters like lung pressure, tissue characteristics of the vocal folds (actually 
the stiffness of the springs and the damping of the dashpots), "neutral" area between the 
vocal folds, and vocal tract shape. 
The two-mass model of the vocal folds can be thought to consist of two sets of 
equations which are more or less independent. The first set describes the physical laws 
governing the motions of the masses (i.e., of the oscillating valve). The second is concerned 
with the behavior of the air plug contained within the space between the masses (the glottis). 
Of course, the two sets of equations are not really independent. The acoustic impedance 
of the glottis depends on the actual shape of the glottal duct, which in its tum is dependent on 
the driving forces acting on its walls, i.e., the pressure distribution within the glottis. 
Measuring and modeling of such a feedback system is not easy, and a complete validation of 
the two-mass model (including the mechanical properties of the valve) would be almost 
impossible. Due to the relative inaccessibility of the larynx and the impossibility to measure 
the relevant stress-strain relations in vivo, it would be especially hard to assess the 
physiological interpretability of the mechanical oscillator parameters in terms of bulk param-
eters characterizing the tissue. However, evaluation of the acoustic part of the model should 
be possible. For that purpose it is required that the most important properties of the glottis 
geometry can be measured simultaneously with the acoustic quantities without disturbing the 
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voice generation system. Thus, by restricting attention to the acoustic impedance only, a firet 
step towards a more complete validation of the model can be made. This is the approach we 
will follow in this book. 
FIG. 1.1: The two-mass model after Ishizaka and Flanagan. The glottis is modeled as two ducts with 
rectangular cross-sectional area. 
More explicitly, the main goal of the present study is to establish to what extent the 
two-mass model of the vocal folds (Ishizaka and Flanagan, 1972) is adequate for explaining 
the acoustic processes around the vocal folds. In doing so we will confine our attention to the 
modeling of the dynamic behavior of the air around the glottis. We will not try to evaluate the 
mechanical oscillator part. The question we will try to answer is whether the acoustic 
impedance formula of the two-mass model gives an accurate prediction of the glottal flow 
waveform and its derivative when subglottal pressure, supraglottal pressure and some 
relevant parameters describing the glottis geometry are known. 
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ΙΠ. CONSIDERATIONS IN DEVISING THE EXPERIMENTAL SETUP 
In order to be able to study the relation between acoustic phenomena and vocal fold 
motions in practice, it is necessary to have the disposal of equipment and techniques that 
allow for the simultaneous measurement of pressure and flow waveforms plus one or more 
signals describing the main characterisncs of the glottis geometry. Perhaps superfluously, we 
want to emphasize that if measurements are made with the intention to give information about 
normal speech production they will have to take place without hindering the subject to speak 
naturally. The latter requirement, however, has severe consequences for the experimental 
setup as will be shown. 
In this section we discuss the deliberations which have made us choose the experimental 
setup for measuring the desired quantities in the way we did in some more detail than was 
possible in the papers that form the body of this book. 
A. Measuring pressure 
The acquisition of calibrated recordings of transglottal pressure signals, i.e., simulta­
neous calibrated pressure signals below and above the glottis, was an unsolved problem at 
the start of our project. We did have some experience with the use of semi-conductor 
pressure strain gauges for measuring uncalibrated subglottal pressure (Boves, 1984) which 
allowed for pressure recordings up to 5 kHz or more. Also, we had an E.N.T. clinic nearby 
where insertion of the catheter could take place. A serious obstacle still to overcome, though, 
was that the Millar® catheters, manufactured for measuring blood pressures (80-120 mm Hg 
•» 10500-16000 Pa), were extremely difficult to calibrate outside the subject. Actually we 
never succeeded to do so, at least not for the pressure range in which we used them 
(0-20 cm HjO » 0-2000 Pa). These problems were due to the temperature sensitivity of the 
sensors. In the hope that by studying the temperature behavior of the sensors we would 
eventually be able to compensate for it, we decided to go on with this technique, and to 
extend previous experiments by measuring the pressure both below and above the glottis. 
Thanks to the fact that catheters containing more than one sensor were commercially 
available, insertion and positioning wouldn't have to be more difficult than for a catheter with 
only one sensor. 
8 
В. Measuring flow 
No one we knew of had ever tried to measure the glottal flow directly during normal 
speech production. Nevertheless we felt that the customary indirect approach (inverse 
filtering of the pressure or flow signal at the mouth) is too error prone to be used as the sole 
reference in the experiment at hand. Devising a robust flow measurement technique that 
could also be applied during normal speech production appeared to be a complicated matter, 
though. 
One type of flow transducer is the hot-wire anemometer. This kind of flow transducer 
can be made very small and with a good frequency response. However, due to its vulnerable 
construction it is impossible to insert it via the nasal pathway. This makes it unsuited for 
experiments where the subject has to speak normally. Moreover, it is insensitive to the 
direction of flow.1 Therefore we finally decided to leave the idea of measuring flow by 
observing the cooling of a heated object and to go a more unusual way. 
Because it is generally assumed that plane-wave propagation takes place in the trachea 
and vocal tract, it seemed a reasonable assumption that, as an alternative for measuring flow 
via cooling, we could measure pressure gradient. For, if plane-wave propagation does take 
place, pressure gradient is proportional to particle velocity, and particle velocity multiplied by 
the cross-sectional area of the tube equals volume velocity. An advantage which made 
measuring pressure gradient especially attractive in our setup, was the fact that we then could 
combine the measurement of pressure and flow by simply increasing the number of pressure 
sensors in the catheter to four (two for the subglottal and two for the supraglottal pressure 
gradient), making the positioning and fixation of the sensors extremely simple. Moreover, 
mounting flow and pressure transducers in the same catheter has the additional advantage that 
they will always have a fixed position with respect to each other and that a movement of the 
catheter will only cause a shift of the transducers relative to the larynx which is equally large 
for all sensors. 
Some promising developments in the Held of direction sensitive semi-conductor "hot-surface" flow 
sensors, which have the pleasant property that they can be made very robust, were going on during 
the time our project started (van Riet and Huysing, 1976). The developments, however, were in too 
early a stage for being used in our experiment: The housing of the prototype sensors was much too 
large and due to the mass of the housing the response much too slow. Nevertheless, it might be 
interesting to keep this type of sensor in mind for future research. 
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С. Measuring "glottis geometry" 
Very few studies have been directed towards the physical fundamentals of the acoustic 
impedance of the glottis. The most influential study is undeniably the work of van den Berg 
et al. (1957). By means of a plaster cast model of a human larynx they studied the pressure-
flow relationship as a function of the cross-sectional area of the glottis. They found the 
following relation: 
U
r
AgaPlr/kp)112. (1.1) 
with Ug glottal volume flow, 
Α„ cross-sectional area of the glottis, 
p£ transglottal pressure, 
к empirical constant - 0.87S, 
ρ mass density of the air. 
Because their measurements applied to a completely static situation (a constant pressure 
was used to generate a stationary flow through a fixed larynx), it is completely legitimate to 
use the projected glottal area as the sole descriptor of the glottis geometry. It is not obvious, 
though, that their measurements can also be extrapolated to a situation where the vocal folds 
open and close at a rate of 100 Hz or more. Neither is it clear beforehand that in a situation 
where the shape of the glottis is continuously changing both in the longitudinal and lateral 
dimensions, the (projected) glottal area is an adequate descriptor for the glottis geometry 
from an acoustic point of view. With respect to the first point Ranagan (1958) has argued 
quite convincingly that, as a first approximation, a quasi-stationary approach is warranted. 
With respect to the latter point little was known when we started, but we started our project 
under the assumption that it would be sufficient for acoustic purposes to describe the glottis 
geometry with only one parameter: Its (projected) cross-sectional area. With the knowledge 
that has become available since, one might wonder whether this approach has not been too 
simplistic, but at that time the general feeling was that the projected glottal area should 
provide enough information for describing the acoustic impedance of the glottis. Because 
other measurement techniques that could have been used to obtain more detailed data on the 
glottis geometry (like ultra-sound or X-ray) were not available to us and also would have 
complicated our setup too much, we decided to measure the photo-glottogram (PGG), and 
in order not to rely on the PGG as the only indicator of vocal fold motion, also the easy to 
measure contact area of the vocal folds (the electro-glottogram: EGG). It was our optimistic 
guess that, although there is no way to calibrate either of these two signals in an absolute 
sense (which makes the picture of the glottis geometry rather incomplete), we would 
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nevertheless be able to make the necessary inferences from these waveforms and to estimate 
any unknown factors. 
D. An experimental setup for registering the state of the voice source 
As a result of the deliberations above, we came to the conclusion that the best compro­
mise for evaluating the acoustic impedance of the glottis, given the infra structure of our 
research institute and given the financial limits which had to be respected, was an experimen­
tal setup where the following seven signals were measured simultaneously while a subject 
was speaking normally (cf. Chapter 2). 
- the pressure at two locations not too far apart below the glottis 
- the pressure at two locations not too far apart above the glottis 
- the projected glottal area —» the photo-glottogram (PGG) 
- the vocal fold contact area —> the electro-glottogram (EGG) 
- the speech signal measured in the direct sound field of the mouth opening 
Measuring flow via pressure gradient is accomplished most accurately when the 
distance between two adjacent sensors is made as small as possible. However, by reducing 
the distance, the amplitude of the pressure difference measured with the intention to obtain an 
approximation of the pressure gradient will decrease accordingly. Thus a practical distance 
will have to be a compromise between S/N ratio on the one hand and interpretability in terms 
of pressure gradient on the other. 
Before ordering the catheter with four pressure sensors, we have carried out an 
experiment with a hard walled tube of adjustable length that could be acoustically excited by a 
pistonphone. Simulating the acoustic circumstances in the vocal tract, we excited standing 
waves with an SPL of ca. 110 dB, and we measured the pressure amplitudes at various 
distances from the source with one sensor. Thus, we obtained a rough estimate of the 
pressure differences to be expected when the sensors were positioned a certain distance 
apart The results of this experiment in combination with the fact that the sensitivity of our 
sensors did not allow to measure pressures below ca. 0.5 mm ЩО, made us decide to 
position all sensors at relatively safe, equidistant intervals of 5 cm. 
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FIG. 1.2: Subglottal and supraglottal pressure signals of two speakers (LB and ВС) recorded during 
the production of CVCV words. The supraglottal pressure signals have their mean around the zero level 
during the vowels and approach the level of the subglottal level during consonants. 
E. Results of the measurement procedure 
The first experiment in which the signals mentioned above were measured, was not a 
great success in the sense that many, more or less unexpected problems arose (e.g., during 
the recording some sensors were mechanically excited, temperature effects were often more 
severe than expected, and insertion of the four sensor catheter was more difficult than the one 
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sensor catheter). Although the experiment was very instructive for the experimenters, the 
collected data were not very useful for further processing due to various reasons. Because 
we feel that an explicit description of some of these failures might be instructive and time-
saving for anyone trying to do similar experiments, we have made an inventory in Appendix 
Al. 
In later sessions we have solved most of these problems. Most importantly, we suc-
ceeded in calibrating the pressure signals for two male, Dutch speaking subjects. As opposed 
to the original intention, calibration was not achieved by compensating temperature effects, 
but by taking care that recording of the calibration signals is carried out under the same 
temperature conditions as the actual measurements, i.e., when the catheter is in the subject 
Moreover, the actual calibration is done only after the signals have been A/D converted (cf. 
Chapter 2). Details about the accuracy that can be obtained by the measurement method can 
also be found in Chapter 2. Some examples of calibrated subglottal and supraglottal pressure 
signals are shown in Fig. 1.2 for four CVCV words (C: consonant; V: vowel) and two 
speakers. Later on in this book many more examples will be encountered, but there attention 
will generally be restricted to a few periods of stationary vowel portions. 
As soon as calibrated pressure signals are obtained, it becomes also possible to calculate 
pressure gradients, and as a consequence estimates of flow. In Chapter 2 (cf. Fig 2.6 and 
2.7) some examples are shown of the type of signals that have been obtained by means of 
our setup. It is also shown what kind of signals result when a simple integration is applied to 
the calculated pressure gradient signals in order to obtain an estimate of the particle velocity. 
From these figures it is clear that the flow estimates show a lot of irregularities, and that the 
estimates are not always conforming to our intuition (e.g., do not have a constant interval 
when the glottis is closed). It is not immediately clear, however, whether these irregularities 
are due to inaccuracies of the method or to intrinsic properties of the flow generation process. 
In order to assess this problem it is necessary that our measurements can be integrated into 
models. 
IV. INTEGRATION OF ACOUSTIC MEASUREMENTS AND MODELS 
Once the signals have been recorded and A/D converted, they must be interpreted in 
such a way that they can serve as a reference for testing models of the acoustic impedance of 
the glottis. It is important to understand that, although our setup was originally devised with 
the idea to consider the acoustic impedance of the glottis (and the acoustic impedance only) as 
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a black box of which the input and output signals were measured, attention cannot be solely 
confìned to the glottis. For, due to the spacing of the pressure sensors (5 cm between each 
pair of adjacent sensors), the model to be tested will perforce have to represent 15 cm of the 
speech production apparatus with the glottis approximately in the centre. Consequently, the 
acoustic quantities measured are not the input and output signals of the glottis, and it is not 
possible to discard the properties of the trachea and pharynx completely. 
In order to know to what extent the acoustic pressure measurements in the trachea and 
in the phaiynx can be used to give information about volume flow through the glottis, two 
questions must be answered, viz.,: 
(1) Does the assumed proportionality relation between pressure gradient and volume flow 
really hold? In other words: Does plane-wave propagation occur? 
(2) If it does (so that the measured pressure gradient signals can be interpreted in terms of 
flow) what are the uncertainties which are introduced by estimating the flow at the 
glottis from the flow signals at a certain distance upstream or downstream of the glottis 
under various kind of presuppositions about the tube between measurement location and 
glottis. 
Question (2) appears to be relatively simple to answer (see Sec. IV A and Chapter 3), 
but of course requires an affirmative answer to (1). Problem (1) is much more difficult to 
assess. Via some theoretical considerations it can be shown that there are very good reasons 
to believe that plane-wave propagation does occur in the trachea and vocal tract (cf. Chapter 
3), but it is very hard to verify that all simplifying assumptions which are made for reasons 
of mathematical tractability are a good approximation of reality. Although our setup does not 
allow of obtaining 100% certainty whether or not the assumption of plane-wave propagation 
is valid, we have tried to increase the plausibility of this assumption by comparing different 
kinds of more or less independent measurements. The evaluation of the flow measurement 
technique forms the subject of Chapter 3 and a preview of the sort of problems that is 
encountered is given in Sec. IV B. 
A. "Measuring" glottal flow from a distance 
In this section we will describe how our pressure measurements can be used for 
estimating the flow at the glottis, provided that the plane-wave propagation assumption is 
valid. As is argued in Chapter 3 this assumption is only likely to hold for frequencies above 
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10 Hz. Therefore, everything which is going to be said about flow estimation must be inter­
preted as to aply only to frequencies above this frequency. In fact we have filtered all our 
pressure gradient signals with a linear phase high-pass filter with a cutoff frequency of 40 Hz 
Since our pressure gradient measurements are based on the measurement of pressure by 
means of separate sensors, some extra complications are introduced. In fact there are two 
reasons which prevent us from considering the measured pressure differences proportional to 
the flow at the glottis directly. 
First, considering pressure gradient equivalent to pressure difference over a fixed 
distance is analogous to representing a distributed parameter system by a lumped parameter 
system. It is common knowledge that the section length of a lumped parameter system 
(which in our case equals the distance between the sensors, i.e., S cm) restricts the frequency 
range over which the measurements can be interpreted as valid representatives of the real 
pressure gradient [if we require that a quarter wavelength λ/4 > 5 cm, then the maximum 
frequency would be ƒ = c/A =1.7 kHz, with с the sound velocity (» 350 m/s)]. Most of the 
voice source information, however, is present in the lower part of the spectrum: The 
amplitude spectrum of a glottal flow pulse is generally believed to fall off with ca. 12 dB per 
octave. One may therefore conclude that lumping into S cm sections should not prevent us 
from obtaining interesting measurement results. 
A second, more serious complication due to the finite distance between the sensors is 
the fact that the effective measurement point for the pressure gradient is located ca. 5 cm from 
the glottis (cf. Fig. 3.2). As a consequence the flow waveforms which are derived from the 
pressure gradient signals do not pertain to the flow at the glottis but to the flow at a distance 
of ca. S cm upstream or downstream. A tube section of ca. S cm with a cross section which 
is typical for the trachea or pharynx contains a sufficient volume of air to make its filtering 
action noticeable. In other words, the best we can do is to estimate the glottal flow as the sum 
of two flow components: The flow measured at the effective measurement location of the 
pressure gradient plus a component which is determined by the ca. S cm tube section 
between the point of measurement and the glottis. 
Consequently, in order to be able to use the measurements for deriving waveforms of 
glottal flow, a way must be found to estimate the flow component which is due to the tube 
section between measurement location and glottis. From now on we will refer to this 
component as compensation flow. By modeling a tube section as an equivalent electrical 
T-circuit (cf. Chapter 3), it becomes clear that the subglottal and supraglottal compensation 
flows can be found by filtering the respective pressure signals which are registered by means 
of the sensors closest to the glottis. What kind of filtering operation should be applied 
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depends solely on the shunt impedance of the T-circuiL In case the tubes are assumed to have 
ideally hard walls, the filtering operation appears to be equivalent to taking the time 
derivative. Note that the assumption of rigid walls is a very common one. It forms the basis 
of any model in which the vocal tract transfer function is considered to be characterized by 
resonances only. 
As will be illustrated in Chapter 3 by means of a modeling study in which our 
measurement situation has been simulated on a computer, a procedure for recovering the 
glottal flow waveform from pressure and pressure gradient measurements can be found 
which is quite robust and simple, at least when it can be assumed that the tube walls act as if 
they were perfectly rigid. By adding the time integral of the measured pressure gradient (the 
tracheal or pharyngeal flow) and a scaled version of the derivative of the pressure signal 
closest to the glottis (the compensation flow) and adjusting the scaling factor of the latter 
signal in such a way that the sum of measured flow and compensation flow has minimum 
ripple, it appears that very good estimates of the real glottal flow can be obtained (for 
frequencies above 40 Hz). 
At first sight, the technique of estimating glottal flow by inverse filtering a signal at the 
mouth and the method that uses tracheal or pharyngeal pressure and pressure gradient are 
very similar In both cases a signal has to be estimated at the input of a Alter of which the 
properties are not known exactly. Still there is an important difference. For, with inverse 
filtering the properties of the inverse filter and the glottal flow are both estimated solely on 
the basis of the mouth signal, while in the pressure gradient method the effect of the Alter is 
accounted for by a separately measured signal (viz., the pressure derivative). This means that 
the number of degrees of freedom under which the experimenter has to determine his glottal 
flow estimate is equal to one in the pressure gradient method (only the amplitude of the 
pressure derivative that must be added to the tracheal or pharyngeal flow can be adjusted), 
while in the classical inverse filtering method this number is much larger (at least the 
frequency and the bandwidth of the first and generally also of the second formant have to be 
estimated). Since it is not completely clear which frequency components in the mouth flow 
should be attributed to the filtering action of the vocal tract and which to the glottal flow, 
using the inverse filtering approach on a mouth signal makes that the resulting glottal flow 
waveforms may become quite dependent on intuitive feelings about how the estimates should 
look. With the estimation procedure that makes use of pressure and pressure gradient signals 
no such circular reasoning is possible. This makes the pressure gradient method less error 
prone than the inverse filtering method and much better suited for research into the details of 
the glottal flow waveform. 
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В. Evaluation of the glottal flow estimates 
1. Comparison of glottal flow estimates that are derived from subglottal and 
supraglottal measurements 
Under the assumption that the trachea and pharynx can be reasonably approximated by 
hard walled tubes, we derived glottal flow estimates both from subglottal and supraglottal 
measurements for the vowels /a/, /u/, and lil, and compared them. In the ideal case that the 
procedure for estimating the flow at the glottis described in Sec. IV A yields valid results for 
any voiced sound, the waveforms which are derived from the subglottal measurements 
should be expected to be indistinguishable from those derived from the supraglottal 
measurements. It appears, however, that the ideal behavior can only be observed for the 
vowel /a/. For the vowels /u/ and lil there are relatively large discrepancies between the 
waveforms of glottal flow estimates and their derivative obtained from the subglottal and 
supraglottal measurements, respectively (cf. Chapter 3). 
In order to be able to judge whether the found discrepancies should be attributed to 
over-simplifications in the tube model or to the fact that the assumption of plane-wave 
propagation does not hold, we carried out an extra experiment with our vocal tract model. 
We simulated our measurement situation during the production of the vowels /a/, /u/, and lil 
using a vocal tract model where we subsequently varied the viscous loss in the boundary 
layer of the air and the softness of the wall, and we tried to find out what the effect of these 
parameters was on the estimated glottal flow waveforms. 
The most important finding of this experiment was that the wall impedance may affect 
the waveform of the glottal flow estimate appreciably under certain circumstances. 
Specifically, it appeared that in case the pressure signals have a relatively low first formant 
(i.e., /u/ and lil), the compensation flow which is due to the tube section between sensors 
and glottis cannot solely be characterized by the volume of the air in that section Qikt in the 
hard walled case), but the wall impedance must also be taken into account This finding 
corroborates earlier studies reporting that the wall impedance may affect speech production to 
a significant degree during /u/ and/ lil vowels (Ananthapadmanabha and Fant, 1982). 
Two conclusions can be drawn from this experiment. First, it seems that there is no 
reason to doubt that plane-wave propagation does occur, although a closer examination of the 
measurement data might be desirable when more is known about pharyngeal wall 
impedances. The second conclusion is that, from a pragmatic point of view, it becomes very 
inattractive to use supraglottal measurements for flow estimation. Due to the fact that three 
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extra unknown parameters (characterizing the wall impedance) are necessary to calculate the 
compensation flow, an accurate estimation of the glottal flow waveform is no longer possible 
by optimizing one parameter according to a more or less well-defined criterion. A 
straightforward optimization procedure to solve this multi-parameter problem cannot be 
found without the formulation of additional criteria which the flow waveform must satisfy. 
2. Do the characteristics of the measured subglottal pressure and the glottal 
flow curves fit existing models of the subglottal system ? 
Many of our estimated glottal flow waveforms do not correspond with the idealized 
pulse forms which are traditionally assumed to be characteristic for the glottal voice source. 
The most apparent feature in this respect is the nonflat closed glottis interval, indicating that 
the flow is not zero during at least part of this interval. Actually, this is also often observed in 
experiments where the mouth flow is inverse filtered, but then this phenomenon is most of 
the time attributed to inaccuracies of the method. In our case, however, the nonflat closed 
glottis interval cannot be explained away by inaccuracies of the method. 
A nonflat closed glottis interval in the glottal flow means that the derivative of the flow 
is less impulse-like than generally believed. In the spectral domain it means that the spectrum 
of the glottal flow may show a distinct structure with several peaks and valleys, and which 
deviates appreciably from a smoothly -12 dB/oct falling function. We thought it useful to test 
the credibility of our glottal flow waveforms somewhat further and found a way to do so by 
carrying out a modeling study in which we tried to reconcile the spectral properties of our 
subglottal pressure measurements with the measurement data of Ishizaka et al. (1976). 
Starting point was the intriguing observation that the spectral properties of the subglottal 
pressure signals we measured do not seem to reflect the acoustic properties of the subglottal 
system as reported by Ishizaka et al. Because our measurements of the subglottal pressure 
reflect both the characteristics of the subglottal system proper and the excitation source, 
discrepancies with the data of Ishizaka et al. might derive from the source. 
In order to be able to test this hypothesis, it is necessary to build a model of the speech 
production apparatus in which a subglottal system that reflects the measurement data of 
Ishizaka et al., a glottal impedance that allows the generation of flow waveforms like we 
measured, and a suitable model of the vocal tract are integrated. A problem arises when we 
try to model the acoustic impedance of the glottis. For, without further modifications a 
nonflat closed glottis interval cannot be explained by the two-mass model as presented by 
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Ishizaka and Flanagan (1972). In order to be able to model a nonflat closed glottis interval, a 
physiological mechanism has to be found that may give rise to nonzero flow while the glottis 
is supposed to be closed. 
There are several ways to refine the model so that it can produce nonflat closed glottis 
intervals in the flow waveform. First, the original model does not account for the fact that 
there is a small amount of air between the upper masses which is squeezed out by the closing 
movement of the upper mass pair when the lower masses have already closed. Second, one 
could adapt the model in such a way that the masses can also move in the direction of the air 
flow. Vertical motions of the vocal fold tissues are often observed on ultra-high speed films. 
Both mechanisms can be accounted for by the introduction of extra flow sources and were 
comprehensively described in Flanagan and Ishizaka (1978). 
There is still another way, though, to explain a nonconstant glottal flow in the closed 
glottis interval: The presence of a glottal leak opening. It appears that, when upper and lower 
margins of the folds move out of phase, and when a certain amount of glottal leakage is 
present, the translaryngeal pressure must be expected to cause a flow pulse which is 
nonconstant during the closed glottis interval (cf. Chapter 4). Recently, more and more 
independent data have become available which seem to confirm that a moderate glottal leak 
must be considered as a normal voice attribute. Also, the fact that most of our glottal flow 
estimates have very gradually rising slopes which start considerably earlier than the moment 
of glottal opening as extracted from the EGG, can be considered as a confirmation that glottal 
leakage is a significant factor. This made us decide to modify the formula of the acoustic 
impedance in the two-mass model accordingly and to adopt this modified model in our study 
of the subglottal resonances. 
Unfortunately, the introduction of a glottal leak introduces a number of uncertainties 
which makes that a straightforward modeling becomes impossible. Specifically, it is 
uncertain how the air stream will behave when the lower part of the ligamental glottis is 
closed while the upper part is not For, as will be explained in Chapter 4, in that case the 
behavior of the air will become strongly dependent on details of the glottis geometry. 
Nevertheless, the outcomes of this study (which is the subject of Chapter 4) show that there 
are strong indications that our measurement data can be brought into agreement with those of 
Ishizaka et al. via the proposed model. 
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С. Integration of EGG and PGG in models 
In Chapter S an expenment is described in which it is tried to combine as much 
knowledge about the generation of voiced sounds as can be extracted from our measurements 
into one model. In the experiment it is assumed that the glottis can be approximated by a 
cascade of two rectangular ducts with uniform cross-sectional areas which are in open 
connection with a third time-invariant duct, also of uniform cross-sectional area (the glottal 
leak). The time-variant cross-sectional areas are assumed to vary sinusoidally in time, which 
means that we consider the spring-mass systems of the two-mass model as linear oscillators. 
Furthermore, it is tacitly assumed that the air will remain attached to the vocal folds over the 
entire depth of the glottis, even if the lower part of the time-variant duct has closed (cf. 
Chapter 4). With these presuppositions it is investigated to what extent it is possible to 
accurately fit the output of our model of the acoustic impedance of the glottis (a prediction of 
the glottal flow t/ ) with the measured glottal flow waveform when simultaneously the 
measured transglottal pressure and the moments of glottal opening and closing as derived 
from the EGG , and the measured PGG are used to set the boundary conditions. A number 
of remarks must be made with respect to this experiment 
First, one should realize that the model used is just one of the possible extensions of the 
original two-mass model that one can think of. As mentioned before, there are at least three 
conceivable mechanisms that could be responsible for nonflat closed glottis intervals in the 
flow. The main reason for choosing this specific one is that it appears from clinical 
observations that a certain amount of glottal leakage is a quite common phenomenon. Thus, 
incorporating this feature into a model of the acoustic impedance of the glottis would 
ascertain a wider applicability. Furhtermore, the other two effects (flow due to vertical 
movements of the folds and flow which is due to the fact that air is squeezed out between the 
folds if one of the margins have made contact) can be considered to be more or less 
independent from the flow due to the transglottal pressure (they would be modeled by 
introducing extra flow sources). As a consequence they may be considered as superposition 
effects. 
The second remark concerns the interpretation of the PGG. In the experiment at hand 
we have assumed that the PGG is proportional to the projected glottal area. However, the 
modulation of the light flux will not solely depend on the projected glottal area, but also on 
the depth over which the vocal folds are pressed together because the tissues are more or less 
transparent This makes the modeling of the PGG to a somewhat uncertain activity. 
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Last, but certainly not least, one should be aware of the fact that assuming that the flow 
remains completely attached to the vocal folds during the complete glottal cycle probably is 
irrealistic. Therefore, this experiment must not be viewed as an attempt to prove that the 
chosen model is "the" correct one, but rather as an experiment by means of which more 
insight can be gained into the potential of the leaky two-mass model. 
V. CONCLUSIONS 
A large part of the present study has been devoted to the development of an adequate 
measurement technique with which a set of relevant signals can be measured for evaluating 
the acoustic component of the two-mass model of the vocal folds. The other part is 
concerned with the question how to use these measurements for the evaluation itself. 
From existing theory it was inferred that a minimal set for evaluating a model of the 
acoustic impedance of the glottis must consist of transglottal pressure, glottal flow, and some 
simple representation of the glottis geometry (e.g., projected glottal area). In our study we 
have opted for the simultaneous registration of the pressure at two locations in the trachea 
and at two locations in the pharynx, plus the EGG and PGG. Moreover, we recorded the 
speech signal itself. 
By means of a newly developed "in vivo" calibration technique we have succeeded in 
obtaining calibrated pressure recordings at all four locations with two subjects during nonnal 
phonation. For these pressure recordings we used ultra-miniature semiconductor pressure 
strain gauges with a frequency response upto at least S kHz. The careful way in which the 
pressure recordings have been treated, has resulted in some quantitative indications for the 
drift in the output signals of these sensors due to temperature effects related to the breathing 
of the subject Thanks to the fact that after calibration all pressure signals may be interpreted 
on the same scale, approximations of the pressure gradient can be calculated by subtracting 
the signals of two adjacent sensors in one cavity. Provided that interpretation is restricted to 
frequencies of 40-1500 Hz, the results of the subtraction may be considered proportional to 
particle velocity (and to volume flow) under the assumption of plane-wave propagation. 
From these pressure gradient signals plus the pressure signals recorded closest to the glottis, 
estimates for the flow at the glottis can be derived. These estimates can be shown to be quite 
reliable if the tube wall can be assumed to be rigid. Since this assumption is only valid when 
the pressure signals have their first spectral peak above ca. 500 Hz, the method can only be 
safely applied in the trachea and the pharynx for vowels with a relatively high first formant 
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Because the pressure gradient method, if applied in the trachea, generally will require 
only one parameter to be adjusted in order to obtain an estimate of the glottal flow, this 
method should be preferred when small waveform details are judged to be important Due to 
the invasiveness of the procedure and the rather time consuming signal processing 
procedures in order to be able to interpret the pressure signals on the same scale, it is 
obviously not very suited for large scale investigations. 
Although, we do not have the means to establish indisputably whether or not the 
assumption of plane-wave propagation is valid, all observed phenomena could be explained 
within the classical framework in which this assumption is at the basis. For instance the 
glottal flow estimates which were derived from subglottal and supraglottal measurements 
respectively could be shown to be the same for the vowel /a/. The observed discrepancy in 
the case of /u/ and /i/ was attributed to the fact that here the wall impedance is finite in the 
frequency region of interst 
Since many of the glottal flow estimates we derived showed a nonflat closed glottis 
interval, we wondered what the most plausible physiological explanation would be for this 
phenomenon. Three mechanisms were recognized, one of which (viz., glottal leakage) was 
examined more closely. Assuming that a moderate glottal leak is a normal voice attribute, we 
tried to modify the acoustic impedance formula of the two-mass model accordingly. It 
appears that incorporating glottal leakage yields some interesting prospects for modeling the 
flow pulse generation mechanism, but that modeling is not arbitrary and straightforward. 
Much more research into the detailed behavior of the air stream in dependence of the glottis 
geometry is needed. 
VL PROSPECTS 
Most of the work described in this thesis has been concentrated on the development of a 
technique by means of which the volume flow at the outlet of the glottis can be estimated 
accurately. In doing so, attention has been confined to the stationary part of vowels. The set 
of simultaneously measured signals, however, contains much more information than has 
been used hitherto, and since the speech material was devised with the intention to emphasize 
voiced/unvoiced contrasts, especially a study of the characteristics of the signals on VC and 
CV boundaries might provide very interesting results. With the insight we have obtained into 
the potentials of the measurement method, it should be possible to obtain valuable 
information about the dynamic aspects of various ac signal parameters (a.o., waveform 
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characteristics of glottal flow and spectral properties of transglottal pressure). Especially, 
when more is known about the way in which glottal flow curves must be interpreted in terms 
of glottal geometry changes, these data might provide a useful indirect method to measure 
important characteristics of the mechanical behavior of the folds. 
Our database of signals does not only allow to study microscopic waveform details, but 
contains intersting information on a macroscopic scale also. As we have shown, the 
subglottal and supraglottal pressure are recorded in a dc coupled way. As a consequenc, a 
systematic study of these registrations during complete words (like the traces in Fig. 1.2), 
together with simultaneous registrations of EGG, PGG, and integrated pressure gradient 
signals (i.e., flow), might provide valuable information on typical tune constants of various 
processes, like oral pressure buildup, voice onset times in relation with transglottal 
presssure, relation between vocal fold vibration, flow modulation and periodicity of the 
speech signal, etc. 
Unfortunately, it has appeared that our data base of measured signals is not very suited 
to examine the effect of a glottal leak quantitatively. What seemed to be of minor importance 
at the start of the project, namely the fact that the dc level of the PGG which corresponds to 
complete glottal closure is unknown, combined with the fact that the technique for measuring 
flow is not capable of registering dc flow, now has become a severe handicap: We have 
almost no measurement data available that could be used to estimate possible leak areas. This 
limits the number of quantitatively oriented experiments with our data drastically. Therefore, 
care should be taken that in future experiments more quantitative information becomes 
available about the rest area of the glottis. Preferably, not only quantitative information about 
glottal area and/or dc flow must be collected, but also information on some important details 
of the shape of the glottis. Combining PGG with a video registration of the glottis by means 
of an endoscope plus the application of a calibrated flow mask at the mouth would be a very 
useful extension of the setup we used in the present study. 
We are inclined to believe that the assumption of a leakless glottis is an idealization 
which gives rise to an extremely simplified model with a rather limited validity. Incorporating 
a glottal leak into existing models of the voice source, might be an elegant way to explain 
(part of) the wide variety of human voice qualities in a physiological relevant manner. More-
over, the rest area of the glottis is known to vary during the production of consonants, so 
that voiced consonants might be considered as speech sounds which are produced with a 
relatively large glottal leak opening. As a consequence, it should also be expected that a 
deeper understanding of the way in which the acoustic impedance of the glottis varies at VC 
and CV boundaries gives insight into the mechanisms that reign the detailed behavior of the 
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formant tracks in the speech signal at such boundaries. 
It has appeared that for modeling the acoustic impedance of the glottis the way in which 
the geometry of the glottal air plug is stylized, is not arbitrary. In particular, it can be shown 
that if a glottal leak is present and if the stylization of the glottis is required to give an 
adequate prediction of the airflow during a complete glottal cycle, care must be taken that the 
glottal duct walls of the model do not show any discontinuities at places where a real glottis 
does not. For, if any discontinuities do occur, the flow is likely to separate within the glottis 
thus invalidating the model of the acoustic impedance of the glottis (cf. Chapter 4). As a 
consequence, it must be questioned whether a cascade of rectangular ducts is the best choice, 
and whether a more triangular shape would not be more appropriate. Increasing the 
complexity of a model also makes evaluation of the model more difficult: For every 
additional parameter extra measurement data are required in order to restrict the degrees of 
freedom during modeling. A cascade of rectangular ducts is not only unsuited to model the 
behavior of the glottal air plug, but can neither be used to model the contact area of the vocal 
folds. A modified two-mass model that accounts for this shortcoming was proposed by 
Childers et al. (1979) in order to model the EGG. This model incorporates a.o. a triangular 
glottal slit, and consequently allows of the modeling of a glottal leak. A natural and very 
useful follow-up study would thus be to investigate to what extent this relatively simple 
model could combine PGG, EGG, and glottal flow measurements. Since obtaining 
information on the three dimensional shape of the glottis, simultaneously with for instance 
transglottal pressure and glottal flow seems an unattainable ideal for the moment, such an 
approach would be a rather elegant compromise to cover more information about the glottis 
geometry without having to change the basic experimental setup. If, at the same time, care 
would be taken to measure dc flow at the mouth (e.g, by means of a Rothenberg mask), the 
basic requirements would be fulfilled to assess a number of major problems involved with a 
glottal leak. 
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Al. APPENDIX: INVENTORY OF INSTRUMENTAL PROBLEMS 
In this appendix we summarize the most important instrumental problems we 
encountered in carrying out our experiments. By doing so, we hope that anyone who is 
interested in doing similar experiments will be able to save valuable time by avoiding the 
major pitfalls. 
A. Insertion of the catheter 
The diameter of the catheter with four sensors is not equal along its entire length: from 
the proximal end to the position of the first sensor the catheter has a diameter of 2.67 mm, 
the next S cm has a diameter of 2.33 mm, while the diameter of the last ten centimeters equals 
2.00 mm (cf. Chapter 2). An unpleasant consequence of the increased thickness and 
consequent stiffness when compared to the catheter with one sensor we used in previous 
experiments [i.e., 1.67 mm (cf. Boves, 1984)] is that the position of the tip of the catheter is 
much more difficult to control during insertion; this usually causes more frequent contacts 
between sensor and tissues. Moreover, the inhomogeneous stiffness which is due to the fact 
that the sensor housings are made of steel, causes a tendency for the catheter to buckle at 
locations close to a sensor. 
During various trials we have come to the conclusion that the following strategy works 
best. In order to suppress the subject's coughing reflex one should begin with thoroughly 
anesthesizing the vocal folds. To this end we used a 10% Xylocaine solution which was 
applied by means of a spray can. When anesthesia is complete, insertion must take place with 
as little mechanical contact with the tissue as possible. For, any mechanical contact will cause 
irritation evoking the coughing reflex; moreover, pressing the catheter against the tissue 
might damage the vent tube within the catheter due to buckling. Smoothly guiding the 
catheter between the folds obviously requires a good visual feedback about the position of 
the catheter. In our experiment the E.N.T. clinician obtained visual feedback about the 
position of the catheter by looking into a laryngeal minror. With this information he gave 
instructions to a second person how to manipulate the catheter. Although this method 
generally led to a successful insertion within 15 min., we feel it would be worthwhile to have 
a technique that would allow more direct feedback. Experiences at Haskins Laboratories 
(New Haven) have learned that using an endoscope attached to a video camera (the image of 
which is displayed on a monitor) may be of great help in this respect The use of an 
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endoscope is the more attractive because, as is argued below, it might also be combined with 
PGG recording where it can provide valuable extra information on the glottis geometry 
during the actual recordings. 
B. Calibration of the pressure transducers 
Since a numerical evaluation of the acoustic impedance is highly dependent on the extent 
to which pressure and flow can be interpreted in absolute terms, and because our flow 
estimation procedure is crucially dependent on calibrated pressure recordings, considerable 
effort has been devoted to solving the question of how to compensate for the behavior of the 
pressure transducers when exposed to temperature changes. After several experiments, 
however, we came to the conclusion that this behavior is completely unpredictable and we 
decided that the only possible solution would be to avoid a temperature change, and to cany 
out both the calibration and the measurements under the same circumstances, i.e., after the 
catheter was inserted into the subject 
In order to be able to calibrate the sensors in situ, they must be subjected to a known 
pressure. The only way to generate a pressure level that can be read outside the subject, that 
is not dependent on the shape of the vocal tract, and that is experienced by any sensor 
independently of its position within the vocal tract, is to use a dc pressure. A calibration 
procedure was devised in which all sensor outputs were monitored during the time that the 
subject (with open glottis) was blowing into a manometer while keeping the pressure at a 
constant (known) level (cf. Chapter 2). Thus, it is ascertained that all sensors experience the 
same dc pressure. By repeating this procedure for various pressure levels, the differences in 
sensitivity of the measurement equipment can be established with relatively high accuracy. 
Moreover, because the pressure levels are known, the signals can be scaled in such a way 
that they can also be interpreted in absolute terms. 
In order to rule out the influence of dc drift due to temperature effects, it appeared 
necessary to introduce an acclimatisation period of about б s after inhalation. The sensor 
outputs in the first 6 s after inhalation were simply discarded. This period was estimated 
from our recordings during the production of VCV and CVCV words where the pressure 
levels in one cavity appeared to differ substantially just after inhalation. This is illustrated by 
Fig. A 1.1 where the outputs are shown of two different transducers in the same cavity (i.e., 
the pharynx) just after inhalation. From our comparisons of the output of two sensors in the 
same cavity it becomes clear that great caution should be exercised in interpreting the dc 
27 
output of this type of sensor, especially when only one sensor per cavity is available. By 
visually inspecting the pressure traces and manually selecting the suited intervals, we finally 
succeeded in obtaining calibrated pressure signals with an acceptable S/N ratio. Details can 
be found in Chapter 2. 
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FIG. A l . l : Two low-pass filtered supraglottal pressure signals measured by two different sensors in 
the same cavity (i.e., by sensor #3 and #4 in the pharynx) during the production of a series of 
'С-Іаі-С-Імі words. As it appears from the difference signal (in the lower panel) it takes approximately 
two seconds in this example before the dc level has stabilized. 
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С. Mecanical excitation of the sensors 
After we had run the first experiment, part of the recorded data were A/D converted and 
roughly scanned to check whether any clipping had occurred. Although we had kept a very 
close eye on all signals on an oscilloscope during the recordings, it was immediately clear 
from the digitalized recordings that two of the pressure signals were heavily distorted during 
relatively short but frequently occurring intervals. Because the two sensors involved were the 
sensor deepest in the trachea (#1) and the one closest to the vocal folds in the pharynx (#3) 
these artefacts also put our pressure gradient measurements at stake. A closer examination 
learned that the distortions were most probably due to the fact that the corresponding sensors 
had been in contact with the tissue. The fact that we did not notice this bouncing during the 
recording session was most likely due to the fact that the bare eye is not a suitable instrument 
to detect such short events from an osciloscope. 
The sensor-tissue contact for sensor #3 was probably caused by the fact that the catheter 
was positioned slightly too deep. The solution for this would be simply to move up the 
catheter. The fact that the first sensor is more often in contact with the wall than other 
sensors, must be due to the fact that it is mounted at the very tip of the catheter. The 
movement of the tip is difficult to control and it would have been much more advantageous if 
we had ordered a catheter where the first sensor was located a few centimeters from the tip. 
Since it was not possible to change this afterwards, we were forced to look for methods to 
detect these artefacts at an early stage. 
In order to be able to detect mechanical excitations while the recording was in progress, 
we constructed a set of amplifiers with built in peak level meters consisting of an array of 
light emitting diodes (LED's). Thanks to the integration time of the level meters and due to 
the fact that short lasting mechanical contact between sensor and tissue generally causes such 
a large output signal that the input-amplifiers are clipping, visual detection of such events is 
relatively easy by monitoring the overload-LED. This set of amplifiers with built in level 
meters has not only proved to be a very useful tool for the early detection of mechanical 
excitation, but also for the positioning of the catheter at the beginning of each experiment or 
for repositioning after it was detected that one of the sensors was in contact with the tissue 
regularly regularly. By letting the subject build up lung pressure while keeping his glottis 
tightly closed, a number of LED's glow up for each sensor which is located in the trachea. 
This way of visual feedback appears to be very handy for the subject who generally is the 
person who manipulates the catheter after it has been inserted. 
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Another thing we teamed from the first experiment, is that most of the amplitude range 
variations which had occured, and which were judged important enough to adjust the 
amplifier gains during the recording, had in fact been due to mechanical contact between 
sensors and tissue. This contact is not always impulse like. Sometimes one of the sensors is 
gently hanging to some tissue structure. If the contact is (quasi-)steady, a dc drift of the 
sensor is caused by the mechanical force and possibly by a raised temperature of the sensor. 
This type of artefact is easily recognized by monitoring the zero-level of the transducers 
during silence while the subject keeps his glottis open. In order to be able to interpret the dc 
level of the pressure sensors safely, the zero level must be established very regularly. 
The actual range of pressures during normal speech production is not likely to exceed 
20 cm HjO. Therefore, we decided to make only one gain adjustment at the very beginning 
of each recording session (viz., during calibration by means of the manometer so that we 
could interpret full scale deflection in cm ЩО) and to consider each case of amplifier 
saturation or appreciable zero-level drift as being caused by mechanical excitation. In the 
follow-up experiments we found that this strategy was quite successful and that once the 
catheter was positioned correctly, mechanical excitation seldomly occurred again, except 
perhaps for sensor #1. 
D. Stability of the glottograms 
The amplitude of the EGG is strongly dependent on the positions of the electrodes. 
However, by adjusting the length of the path the high-frequency current has to travel through 
the tissues by changing the positions of the electrodes, it is easy to adjust the amplitude of the 
EGG until an acceptable level is obtained and saturation of the amplifiers does not occur. 
Once the electrodes have been positioned correctly, the EGG waveforms are quite stable. 
Only when the electrodes are not fixed properly, distortions during the recordings may arise. 
It is our experience that once the electrodes have been brought in place, repositioning during 
the recordings is seldomly required. Nevertheless, to ascertain reliable waveforms during the 
entire experiment, a continuous visual check on an oscilloscope remains necessary. 
The PGG on the other hand is probably the most instable signal in our experiment. 
First, the way in which the perspex rod is pressed against the throat of the subject determines 
the luminicance in the trachea. Second, the amount of light which is picked up by the 
photocell depends on the direction it is "looking" in. Movements of the sensor are likely to 
yield fluctuations in amplitude (both of ac and dc components) which may give rise to very 
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odd waveform distortions. Third, there is the problem that the view of the photocell may be 
blocked by the epiglottis. This often requires a repositioning of the photocell when an other 
type of vowel is articulated. Positioning the photocell (and keeping the position right) is done 
by the subject himself by manipulating the tube with the photo sensor. This requires a skill of 
the subject which can only be acquired after considerable training. 
A technique which relies much less on the ability of the subject to keep the light beam 
and the photocell aligned is to attach a flexible light guide to the subject's throat. An even 
more attractive method uses a flexible endoscope inserted via the nose. The light which is 
used to illuminate the image area that can be observed at the proximal end of the endoscope, 
can also be picked up by a photo sensor attached to the outside of the troat of the subject 
below the glottis. By connecting the endoscope to a video-camera and displaying the image 
on a video-monitor, visual feedback about the measurement situation can be obtained. Also, 
if this information would be recorded on a videorecorder and somehow synchronized with 
the recorded waveforms, valuable mformation could be preserved for interpretation of 
expected and/or unexpected phenonena in the recorded PGG waveforms. 
Unfortunately, we were not in the position to use such luxureous equipment; thus, we 
tried to optimize our PGG measurements by experimenting with the way the photocell was 
mounted in the tube that serves to guide the electrical wires and that provides the necessary 
mechanical stiffness needed for manipulating the position of the photo sensor. In the first 
trials we used a photocell which was mounted in a transparent tube about 15 cm from the end 
which was swallowed (Boves, 1984). This has the advantage that the position of the 
photocell is more or less fixed. However, a major disadvantage is that due to the fact that the 
tube with the sensor is forced to hang against the wall of the pharynx, combined with the 
relatively small aperture of the photocell (ca. 20° for the BPY 61 Ш we used), it is not 
guaranteed that the recorded signal is a reliable representation of projected glottal area. In fact 
we often got waveforms which did not look like regular PGG waveforms. Some of the 
problems might be solved by replacing the photo sensor by a type with a larger aperture. 
However, these were not commercially available. Therefore we decided to mount the 
photocell at the distal end of a tube. This improved the recordings in so far that most of the 
recorded waveforms now looked as expected; a disadvantage, however, is that it becomes 
more difficult to maintain the position of the sensor. Moreover, the free moving end of the 
tube caused more irritation than in case the end of the tube was swallowed. 
In conclusion we may say that for ascertaining the integrity of both glottograms during 
the entire experiment, it is not sufficient to monitor the amplitudes only, at least not when the 
method is aplied we did. In order to enable the early detection of any unwanted distortions in 
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the recorded signals, it is necessary to continuously monitor these signals on an oscilloscope 
during the recording. Finally, we would like to note that interpreting the dc level of the PGG 
as a relative measure for glottal (rest) area is very tricky as long as photocells are used with a 
small aperture: the moving photo sensor might cause a significant sway of the dc level which 
has nothing to do with glottal area. Video registrations of the glottis while simultaneously 
using the light source for PGG recordings by means of a photo sensor at the outside of the 
subject's throat would be an attractive alternative. The video registration of the measurement 
situation might also be very helpful for the interpretation of (unexpected phenomena in other 
signals. 
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Chapter 2 
PRESSURE MEASUREMENTS DURING SPEECH 
PRODUCTION USING SEMICONDUCTOR 
MINIATURE PRESSURE TRANSDUCERS 
Impact on models for speech production* 
Abstract 
It appears that temperature instabilities are a major obstacle hindering the use of 
semiconductor strain gauge pressure transducers in speech research, especially when absolute 
pressure data are mandatory. In this paper a simple and reliable method for an in vivo calibration 
of this kind of transducer is described. The most important error source, the drift of the zero 
pressure level due to temperature changes, is discussed, and an estimation of die measurement 
accuracy which can be obtained is given. Moreover, some registrations of subglottal, supraglottal, 
and transglottal pressure are presented. It is shown that the pressure recordings aOow us to obtain 
estimates of the volume flow in the trachea and pharynx. Analysis of those waveforms appears to 
lead to new insights into the physical processes underlying voice production. Specifically, an 
independent glottal contribution to the skewing of the glottal flow pulses is identified. 
Paper with L. Boves which appeared in 1985 in J. Acoust Soc. Am. 71,1543-1551. 
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INTRODUCTION 
The speech production apparatus is usually modeled as an ideal volume flow generator 
which excites a set of cylindrical tubes representing the vocal tract In this set of tubes 
standing wave patterns are assumed to develop, some energy of which is radiated into the 
open air via the mouth opening. 
In most models existing today, source and system are assumed to be linearly separable. 
An infinitely high internal impedance of the source is sufficient to warrant the linearity of the 
model (Fant, 1960; Flanagan, 1972). A flow generator with an infinitely high internal 
impedance is, of course, an idealization. In practice, the flow through the glottis depends on 
the transglottal pressure (the difference of the subglottal and oral pressure) and the finite 
glottal impedance. Because the transglottal flow serves to excite not only the resonances in 
the vocal tract, but also the subglottal resonances (Ishizaka et al., 1976; Boves, 1984), both 
subglottal and supraglottal pressures may vary over an appreciable range during a glottal 
cycle. These pressure variations result in a fluctuating transglottal pressure and may therefore 
have direct repercussions on the airflow through the glottis (Rothenberg, 1983; 
Ananthapadmanabha and Fant, 1982). In order to gain insight into this flow/transglottal 
pressure interaction (or in modeling terminology: source/system interaction) and its 
perceptual relevance, it is important that subglottal and transglottal pressure registrations be 
available that can be interpreted in absolute terms. Furthermore, these registrations need to be 
made with a transducer system having a flat frequency response up to the highest frequency 
present in glottal flow pulses. 
Over the years a number of techniques have been developed for measuring subglottal 
pressure (Schutte, 1980). Among these techniques are the indirect measurement by means of 
an oesophageal balloon, the direct puncture technique, and the method in which a hollow 
catheter is introduced into the trachea through the glottal opening. The frequency resolution 
of all these methods is constrained by the use of narrow tubes which conduct the tracheal 
pressure variations to the pressure sensitive element in the manometer. Edmonds et al. 
(1971) showed that the frequency resolution in these classical measurement methods 
generally does not exceed a bandwidth of 300 Hz. 
Since the introduction of semiconductor miniature pressure transducers which are 
attached to a thin catheter, subglottal pressure can be measured with a frequency resolution 
up to 20 kHz (Perkins and Koike, 1969; Kitzing and Löfqvist, 1975; Boves, 1984). The 
very high frequency resolution, however, has to be payed for with a large temperature 
sensitivity which makes calibration of these transducers extremely difficult 
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In this paper we describe how such transducers may nevertheless be used for acquiring 
absolute broadband pressure recordings in the trachea and pharynx. A special calibration 
technique is proposed. Measurement accuracy is discussed by comparison of the outputs of 
two transducers in the same cavity. Furthermore, we present some simultaneous recordings 
of subglottal, supraglottal, and transglottal pressure which may be interpreted in absolute 
terms thanks to the calibration method to be described. 
Since subglottal and supraglottal pressure are recorded at two points in the trachea and 
pharynx, we can also obtain pressure gradient signals. It is explained how these pressure 
gradient signals can be used to arrive at estimates of the volume flow in the trachea and in the 
pharynx. Especially, the waveforms of the now pulses reconstructed from the pharyngeal 
pressure gradient lead to interesting questions regarding the form of the acoustic impedance 
of the vocal tract 
Finally, it is shown that the glottal acoustical impedance in a two-mass model of the 
vocal folds can be described by an equation which is a generalized form of the empirical 
formula found by van den Berg et al., (1957). This generalized equation shows how glottal 
geometry may influence the skewing of the glottal volume flow pulse. The importance of 
simultaneous registrations of transglottal pressure and glottal volume flow is explained. 
L SIMULTANEOUS MEASUREMENTS OF GLOTTAL ACTION 
A. General experimental setup 
In our experiment the following signals were simultaneously recorded on an 
instrumentation recorder (Philips ANALOG 14) (see Fig. 2.1): 
(1-2) pressure at two locations in the trachea (5 cm apart) 
(3-4) pressure at two locations in the pharynx (5 cm apart) 
(5) speech signal about 10 cm in front of the mouth 
(6) photoglottogram (PGG) (Frokjaer-Jensen LG600 with custom phototransistor) 
(7) electroglottogram (EGG) (Fourcin-Abberton laiyngograph) 
The experiment was carried out with two male subjects with a normal voice (i.e., the 
authors). The subjects had to perform two tasks, one of which is part of the calibration 
procedure to be described below. The second task consisted of reading lists of two-syllable 
nonsense utterances at a comfortable pitch and intensity level. These lists contained Dutch 
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pseudowords of the form 'VCV, V'CV, 'CVCV, and CV'CV, and V denotes a vowel of the 
set /а,о,и,у,і,е,э/ (with 'V and 'CV in stressed and CV in unstressed position) and where С 
denotes a consonant of the set /p,b; t,d; s,z; f,v; к.у, h/. The total number of utterances was 
11 (consonants) χ 7 (vowels) χ 2 (word types) χ 2 (stress conditions) = 308. The reading of 
the word lists took about 15 min. After each recording session, part of the signals were A/D 
converted (effective sample frequency = 10 kHz/channel; amplitude resolution = 1 2 bits) and 
stored on a disk of a digital minicomputer (Data General Eclipse/S200). 
QD 
11-channel 
Fn-recorder 
и пі 
marker 
iransaucersi ц д щ
 aource 
for Ihe photo­
electric 
glottograph 
FIG. 2.1: Schematic diagram of the experimental setup. 
B. Pressure measurements 
The four pressure signals were obtained by means of a Millar catheter with four 
miniature pressure transducers (type PC-784[K]) which was inserted via the nasal passage 
through the glottis into the trachea. The transducers are situated at equidistant intervals of 5 
cm, and the first transducer is located at the tip of the catheter [Fig. 2.2(a)]. After the catheter 
has found its proper position in the posterior commissure it hardly influences phonation. 
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FIG. 2.2: (a) Dimensions of the Miliar catheter (type: PC-784[K]) with its four pressure transducers. 
(b) Electrical diagram of one transducer. 
Each pressure sensor consists of a Wheatstone bridge with two semiconductor strain 
gauges which convert the forces applied to the membrane into proportional variations in 
electrical resistance [cf. Fig. 2.2(b)]. By means of an external dc bridge excitation voltage 
these variations are translated into voltage fluctuations which may be further amplified. The 
reference pressure is atmospheric pressure, obtained by a vent tube which connects the back 
of the sensor to the open air [Fig. 2.2(a)]. 
The Millar Mikro-Tip ® pressure sensors are developed for heart catheterization; thus 
they can handle a pressure range of -50 to 300 mm Hg. Their effective sensitivity, which 
may differ substantially per sensor, depends, of course, on the excitation voltage and varies 
between 1.2 and 2.5 mV/V/mm Hg. With a nominal bridge excitation voltage of 5 V(dc) this 
is equivalent to 4.4 - 9.2 μΥ/πυη ЩО. The long-term drift of the transducers is specified to 
be less than б mm Hg (= 82 mm Η ,^Ο) in 12 h. 
The noise levels which were measured at the outputs of the home built 4-channel 
pressure amplifier were less than 0.95 mV(eff). The amplifiers all have a gain which is 
greater than 668, so that the equivalent transducer/amplifier noise at the input is on the order 
of 1.42 μΥ. Thus, if we define S/N ratios of 6 dB as reliable measurements, we may 
conclude that with this equipment pressures can be measured with a resolution of at least 
0.65 mm H20. 
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П. CALIBRATION OF THE PRESSURE TRANSDUCERS 
A. Introduction 
The pressure sensors are extremely sensitive to variations in ambient temperature. This 
is a direct consequence of the semiconductor material of which they are composed. The 
manufacturer specifies a temperature error band which is equivalent to a shift of maximally 
2 mm Hg when the temperature is raised from approximately 23° to 38 ^ . This error is 
perfectly acceptable in heart catheterization where pressures of about a hundred mm Hg will 
occur. But, since 2 mm Hg is equal to about 2.7 cm ЩО and subglottal pressure during 
normal speech production is not likely to exceed a level of 15 - 20 cm HjO, it appears that 
the temperature error will amount to approximately 20% of full scale if the miniature 
transducers are employed in speech work without special precautions. This temperature error 
is the more troublesome because the sensor outputs behave completely unpredictably after 
they have been exposed to a sudden temperature change. Thus calibration procedures outside 
the subject are doomed to fail. 
Therefore we have adopted a technique in which the transducers can be exposed to 
known dc pressures but where, at the same time, temperature conditions are kept maximally 
similar to those during the actual recordings. 
Furthermore, due to differential offsets and sensitivities of the transducers, it is 
mandatory that they all be calibrated simultaneously. A rescaling procedure which accounts 
for different sensitivities should be an integral part of the calibration procedure if the outputs 
of two or more sensors are to be compared. We will now describe this calibration procedure 
in more detail. 
B. Calibration procedure 
In the calibration procedure three phases can be discerned: 
(1) First, the subject blows into a U-tube manometer, thus exerting a number of increasing 
pressures which are maintained for a couple of seconds. The experimenter reads out the 
manometer deflection and his comments are recorded on the audio channel of the FM 
recorder, synchronized with the pressure signals. Care is taken that the sensors do not 
suffer any significant temperature changes due to deep inhalations. 
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(2) Second, the signals (after A/D conversion) are rescaled in order to compensate for the 
differences in transducer sensitivity, amplifier gains and/or offsets, etc. After this 
scaling procedure all signals are directly comparable to one another, but still no absolute 
interpretation is possible. 
(3) Third, the numerical values of the rescaled signals must be mapped onto the actual 
pressures as they were called out by the experimenter in order to allow absolute 
interpretation. 
The second step of this calibration procedure (the rescaling of the signals) is the most 
critical one. As long as all signals to be scaled represent the same physical phenomenon (i.e., 
a recording of the static pressure in one and the same cavity), linear regression analysis can 
be used to obtain correction terms for the offsets and gains in such a way that the sensitivity 
of all channels becomes equal. The demand for the same physical phenomenon, however, 
implies that one has to be certain that the glottis is open and that no artefacts are present in the 
signals. This is best done by visual inspection of the signals. Use of signal segments where 
one of the sensors has been mechanically excited (e.g., by contact with the tube wall) or 
where one ore more sensors are still recovering from a large temperature change may disturb 
the linear relation between the transducer outputs and thus cause gross errors. 
С Calibration results 
We compared two calibration measurements of one subject which were about IS min 
apart The regression lines which were obtained for the visually selected signal segments 
compared quite well with one another (see Fig. 2.3), from which we may conclude that in 
this specific case the offsets and gains of the transducer/amplifier chains were quite constant 
over time. Similar comparisons of other calibration measurements lead to the conclusion that 
the error observed in the gains generally does not exceed 5%. The offsets, however, do not 
always behave as well as in Fig. 2.3. 
Two effects can be discerned, viz., a passive slowly varying long-term drift and a 
temperature drift related to the subjects' breathing. In two recording sessions the long-term 
drift was nearly zero for all transducers while in two others drifts up to 3 cm ЩО were 
observed over a time interval of ca. 45 min. In order to check how large the drift in the zero 
level due to temperature effects was during the sessions, we took a closer look at the dc 
components of each pair of transducers in the same cavity. We defined a situation as 
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"temperature stable" when two transducers in the same cavity did not differ by more than 
1 cm ЩО. After an inhalation, however, differences of 4-6 cm H2O were sometimes 
observed, which most of the time took 1-4 s to return to the stable condition. Both drift 
effects illustrate the necessity to establish the zero pressure level more often during a 
recording. The accuracy with which the pressure readings can be mapped upon the numerical 
values of the signals depends strongly upon the subject's ability to maintain a constant 
pressure during a sufficiently long time. Only then will the experimenter be able to 
synchronize the readings with the actual pressures. If necessary, this accuracy can be 
increased by enlarging the number of pressure measurements. 
FIG. 2.3: Linear regression analysis on the 
pressure signals of two calibration 
measurements. The scatterplot applies to 
measurement #1. The solid line is the 
corresponding result of the analysis. The 
dashed line is the result for measurement #2. 
During measurement #2 transducer #1 (the 
one on the tip of the catheter) was in 
mechanical contact with the trachea walL For 
this signal no second regression is shown. 
Ш. RESULTS: ABSOLUTE PRESSURE RECORDINGS OF SUBGLOTTAL, 
SUPRAGLOTTAL, AND TRANSGLOTTAL PRESSURE 
A. Measurement accuracy 
From Sec. Π we may conclude that there are three major sources of error which may 
prohibit correct inteipretation of the pressure signals: 
(1) Changing temperature conditions related to breathing, which influence the zero pressure 
level to an appreciable degree. The time constants of these zero pressure variations 
differ substantially per sensor, but the largest time-constant observed was about 4 s. 
These instabilities can easily be detected by comparison of the dc levels of two trans-
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ducere in the same cavity. 
(2) Artefacts in the pressure recordings due to mechanical excitations of the sensors. These 
can be recognized by their stepwise character. 
(3) Noise generated by the equipment, which limits the amplitude resolution with which the 
measurements can be made. This error term is comparatively small. Moreover, it is 
constant over time. 
These considerations are as valid for actual measurements as they are for the calibration 
of the transducers. Thus a completely automatic processing of recordings made with semi­
conductor pressure transducers seems as yet unwarranted: Visual checking of all recordings 
remains absolutely necessary to make sure that no artefacts due to temperature changes or 
mechanical excitation are present 
If calibration is carried out with a sufficient degree of caution, a measurement accuracy 
of 5% can be obtained in the absolutely scaled pressure recordings, as far as their ac 
components are concerned. The short-term drift of the zero level results in an additional 
absolute error. It can be kept below 1 cm ЩО, however, if the subject applies only 
superficial breathing. In case only high-pass filtered versions of the pressure signals are 
used, as will be done in a later section, only the 5% error remains. 
B. Broadband pressure registrations 
In Fig. 2.4 a microscopic view of some vowel portions is shown for speaker LB. 
Moments of glottal closure which are automatically detected by means of peak picking in the 
differentiated EGG waveform are marked in the signals. The waveforms which are shown 
are simultaneous recordings of EGG, PGG, subglottal, supraglottal, and transglottal 
pressure. In Fig. 2.5 comparable registrations are shown for speaker ВС. 
The transglottal pressure waveforms have been calculated by subtracting supraglottal 
from subglottal pressure. The drift of the zero level due to cooling of the sensors has the 
same direction for every individual transducer. Only the time-constants differ. Thus, sub­
tracting supraglottal pressure from subglottal pressure will result in an absolute error in the 
dc component which is about the same as for the pressure signals of individual sensors, i.e., 
1 cm H20. Moreover, because the absolute level of the transglottal pressure is on the same 
order of magnitude as the subglottal pressure the relative error in the ac component is 5%. 
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FIG. 2.4: PGG, EGG, supraglottal pressure (P ), subglottal pressure (P^), and transglottal pressure 
(Plr) during the production of the vowels /a/ (left) and /i/ (right). Speaker LB. In the recordings of the 
moments of glottal closure are marked with *, moments of glottal opening are marked with о (see 
text). ТЪе subglottal and supraglottal pressure signals shown were recorded by means of the sensors 
nearest to the vocal folds. 
From Figs. 2.4 and 2.5 it becomes clear the ac peak-to-peak variations in subglottal 
pressure are on the same order of magnitude as the dc level (ca. 8 cm I^O). The variations in 
transglottal pressure may be even twice as large. Furthermore, it can be observed that glottal 
closure nearly always precedes the maximum in the subglottal pressure (which coincides 
with the minimum in the supraglottal pressure). This differs from the early observations of 
Koike and Hirano (1973), who observed that the subglottal pressure peaks coincided with 
the moment of glottal opening. Note that a pressure peak at glottal closure does not fit a 
model which is based on stationary flow and which is reigned by the Bernoulli equation. 
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Pressure peaks at glottal closure can only be explained by assuming acoustical excitation of 
the subglottal cavities. 
Our registrations are similar to those of Koike (1981) and Kitzing and Löfqvist (1975), 
who also found a maximum in subglottal pressure at the moment of glottal closure. The 
cause of the deviant behavior of the recordings of Koike and Hirano is not yet clear, nor is 
the reason for the absence of subglottal resonances in their recordings. However, Broad's 
(1979) conjecture that the pitch-synchronous variations in the recordings of Koike and 
Hirano are due to the Bernoulli effect is most probably wrong, if only because it follows 
from his own calculations that the Bernoulli pressures are on the order of the pressure 
resolution of the Whittaker transducers used to obtain the traces. 
SC, /a/ SC, /I/ 
no PGG available 
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FIG. 2.5: PGG, EGG, supraglottal pressure (Ρ¡¡Δ, subglottal pressure (Ρ¡f), and transglottal pressure 
(Ptr) during the production of the vowels /a/ (left) and lil (right). Speaker ВС. In the recoidings of the 
moments of glottal closure are marked with *, moments of glottal opening are marked with о (see 
text). The subglottal and supraglottal pressure signals shown were recorded by means of the sensors 
nearest to the vocal folds. 
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Due to the pressure rise at closure, subglottal and transglottal pressures are highly 
asymmetric in the open glottis interval. Thanks to the high-frequency resolution of the 
pressure sensors, a more detailed analysis of the acoustic phenomena around the glottis 
becomes possible. A highly interesting question which could be investigated is to what extent 
the asymmetry in the transglottal pressure wave might contribute to the well-known skewing 
of the glottal flow pulse. 
С Pressure gradient and flow waveforms 
In this section we will first show that the use of two pressure transducers in the trachea 
and in the pharynx enables us to estimate the volume flow waveforms in both cavities. In 
order to estimate the glottal flow it is assumed that unidirectional plane-wave propagation 
takes place in the cavities both below and above the glottis. Then, with the viscosity of the 
fluid neglected, the linearized equation of momentum becomes 
où 1 φ 
— = . (2.1) 
dt p0 de 
Негеы denotes the particle velocity, ρ the pressure, p
o
 the mass density of the fluid at rest 
The X axis is taken in the direction of the flow. 
Because we have recorded subglottal and supraglottal pressure at two locations in the 
trachea and pharynx, respectively, we can obtain an estimate of the pressure gradient (др/дх) 
as follows: 
à" 
ρ(Χ0+ΔΧ/2) - ρ(Χ0-ΔΧ/2) 
, (2.2) 
Χ0 ΔΧ 
with Χ0 a fixed location ca. 5 cm under or above the glottis and ΔΧ « 5 cm. 
For frequencies below 1500 Hz, ΔΧ is less than a quarter-wavelength and generally 
Eq. (2.2) will not be too bad an estimate of the pressure gradient In other words, integrating 
the difference signal of the two pressure transducers in the same cavity with respect to time 
will yield a signal which is roughly proportional to the particle velocity. Particle velocity in 
its tum can be considered as a scaled version of volume velocity (t/), with cross-sectional 
area of the tube at X0 as a scaling factor. 
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Some results of this flow estimation procedure are shown in Figs. 2.6 (speaker LB) and 
2.7 (speaker ВС) for the same vowel portions of which the pressure recordings are shown in 
Figs. 2.4 and 2.5 respectively. The shown waveforms represent the bandpass filtered 
pressure gradient in the trachea (др/дх |sb) and pharynx (dpldx |sp) (the difference signals 
were filtered by means of a digital linear phase filter with cutoff frequencies at 40 and 1500 
Hz), the corresponding particle velocities (u |sb and и |sp), and finally the ac component of 
the transglottal pressure with reversed sign {-Ptr = solid line) and a scaled version of the 
pressure gradient in the trachea (du/dt |sb = dashed line). The latter signals were scaled in 
such a way as to make their energy content equal. The particle velocity waveform» have been 
set to an arbitrary zero level which was chosen so that the moments of glottal closure 
correspond to zero flow. 
The flow waveforms obtained by integrating the pressure gradient in the trachea look 
very convincing. Assuming a cross-sectional area of about 3 cm2 the peak volume flow in 
the trachea amounts to 600 cc/s, a value which compares well with data in van den Berg et al. 
(1957) and Rothenberg (1973). Also, the peak-to-peak amplitude of the pressure gradient 
signal in the trachea is 4 cm H20. Given a measurement error of 5% in the individual 
pressure signals, the measurement error of a 4 cm ЩО peak-to-peak signal will not exceed 
25%, a value which we feel is acceptable. 
The results of the flow calculations in the pharynx, on the other hand, look less 
convincing. Presently we can think of three factors which may have contributed to this 
effect First, the assumption of pure plane-wave propagation may not hold in the lower part 
of the pharynx due to a jet expansion right above the glottis. Second, the ripples in the 
reconstructed pharyngeal flow during the closed glottis interval may be due to interactions 
with formant oscillations or to vertical movements of the folds after closure. Last, the results 
of the calculations may suffer from a relatively large measurement error. The peak-to-peak 
amplitude of the pressure gradient signal in the pharynx varies from 6 cm H 2 0 for open 
vowels to a low 1 cm ЩО for the closed vowels /i,u/, which is close to the noise level in the 
difference signals, which will typically assume values of 0.5 to 1 cm HjO. 
Having access to flow waveforms in the trachea and - admittedly with less certainty - in 
the pharynx a problem can be investigated that recently has aroused considerable interest, 
viz., the effects which are responsible for the skewing of the flow pulses compared with the 
glottal area waveform. 
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FIG.2.6: Going from top to bottom the rows contain waveforms of the subglottal pressure gradient 
(dp/dx\sb), supraglottal pressure gradient (dp/di\sp), subglottal particle velocity (u|sb), supraglottal 
particle velocity (u|sp), and the ac component of the Iransglottal pressure (-Plr = solid line) together 
with the pressure gradient in the trachea (φ/áilsb - dashed line). The latter signals have been scaled so 
that their energy content is equal. The signals apply to the same vowel portions as shown in Fig. 2.4 
(Speaker LB: /a/ left; /i/ right). In the recordings the moments of glottal closure are marked with *, 
moments of glottal opening are marked with О (see text). 
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FIG.2.7: Going trom top to bottom the rows contain waveforms of the subglottal pressure gradient 
(dp/dx\sb), supraglottal pressure gradient (dplâx\sp), subglottal particle velocity (ulsb), supraglottal 
particle velocity (u|sp), and the ac component of the transglottal pressure (-Plr - solid line) together 
with the pressure gradient in the trachea (φ/âtlsb - dashed line). The latter signals have been scaled so 
that their energy content is equal. The signals apply to the same vowel portions as shown in Fig. 2.5 
(Speaker ВС: /a/ left; li/ right). In the recordings the moments of glottal closure are marked with *, 
moments of glottal opening are marked with о (see text). 
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It is generally conjectured that this skewing is mainly due to the inertial loading of the 
vocal tract and trachea (Rothenberg and Zahorian, 1977; Ananthapadmanabha and Fant, 
1982; Rothenberg, 1983). Because glottal volume now times load impedance equals the ac 
component of tnuisglottal pressure with reversed sign it would seem that our measurements 
offer a means for checking the hypothesis that it is mainly the inertive part of the load 
impedance that determines flow. If that hypothesis holds the time derivative of the flow 
should be directly proportional to the ac component of the transglottal pressure in the open 
glottis interval, apart from a first formant ripple. Inspection of the bottom panels of Figs. 2.6 
and 2.7 shows a good correspondence for the vowel /a/, but the fit for the vowel /i/ seems to 
be much worse. This, however, is probably only a visual effect caused by the lower formant 
frequency. Spectral analysis of the difference signal confirmed that it contained energy which 
was mainly concentrated at the F¡ frequency. 
The information contained in Figs. 2.6 and 2.7 suggests that our approach of the 
problem of pulse skewing is a promising one. Yet a large number of details remain to be 
settled, e.g., the manner in which different signal processing techniques and different 
choices of criteria for optimization of the fit between waveforms influence the results. 
Another point which deserves explicit attention is the statistical stability of the results. 
However, we prefer to deal with these topics in a separate paper. In this article we would like 
to present quite another factor in the skewing of the glottal pulses that has been given much 
less explicit attention in the literature. 
D. Vertical phasing: A load independent skewing mechanism 
Even if we are in a position to obtain fairly accurate estimates of transglottal pressure 
and glottal flow from our measurements, the two quantities can not easily be releated to each 
other without the use of an analytic expression of the impedance of the glottis. Since such 
expressions seem to exist only within the framework of a model of the glottis one has to take 
recourse to simulation studies. In order to gain insight into the effects of a specific formula of 
the time-varying glottal impedance we calculated the glottal flow in a one-mass model and a 
two-mass model of the vocal folds. We used the measured transglottal pressure as a driving 
source and two phase shifted sinusoids to describe the area between the upper and lower 
parts of the folds. The one-mass model then is a degenerate form of the two-mass model 
with a zero phase shift between the masses. The sinusoids were positioned so that the 
moments of glottal opening and closure corresponded to those which were derived from the 
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EGG (Granen, 1984). It appeared that a better fit with the measured pressure gradient (read 
flow derivative) was obtained if the flow was calculated by means of the two-mass model, 
even when both models resulted in virtually equal and symmetric projected glottal area 
waveforms. This finding motivated a reanalysis of the models of glottal impedance. 
Glottal geometry has recently received considerable interest as an important factor in 
determining the glottal impedance (Gauffin et al., 1983; Scherer and Titze, 1983). We will 
now show how the flow source theory may be refined by taking into account glottal 
geometry in the form of "vertical phasing" as an independent mechanism which can 
contribute to the skewing of the flow pulse. 
From Eq. (2.3), describing the flow through a two-section glottis while neglecting 
viscous resistance and inertia of the glottal airplug (Ishizaka and Flanagan, 1972), it appears 
that the lower and upper parts of the glottis (cf. the terms with A ¡2 and A j 2 in the 
denominator) do not equally contribute to the flow. As a consequence a phase shift between 
A . and A 2 may result in a skewed flow pulse, even if the projected area waveform A (t) = 
mn[A ¡(t), Α
 2(ή] is perfectly symmetrical. 
„, . р і Г p L ••2 ^('- Д-)Г аз, 
Po Agl g2 
with A j the cross-sectional area of the glottal slit (upstream), 
A 2 the cross-sectional area of the glottal slit (downstream), 
A j the cross-sectional area of the pharynx at the glottal outlet 
More insight in this mechanism can be obtained by rewriting Eq. (2.3): 
Α Α ι
 1 / 2 
AgJ Ag2 ' 
ι.37Α
ί2
2
 + [1 - 2 A^/A, (1-A^A,)] Agl 
{ A A ì '" 
0.37A J + [1 - 2 Α.-,/Α, (l-AJA,)] A.,2 J 
The second term in the right-hand side of Eq. (2.4a) will be recognized as the geometrical 
mean of the areas in the upper and lower part of the glottis; the third term can be interpreted 
as a time dependent kinetic resistance factor. This leads to the more compact formulation: 
Ug = aP,rlp0)mÄg(t) k(t). (2.4b) 
If we now define an effective glottal area A (t) as the product oiA(t) and k(t) we obtain: 
υ = &PtllpJm Â(t), (2.4c) 
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Equation (2.4b) is a generalized form of the empirical formula of van den Berg et al. 
(1957) in the sense that the constant kinetic resistance factor has become time variant. The 
behavior of this equation is most easily understood if we adopt simple mathematical 
expressions for A ¡(t) (the cross-sectional area of the lower part of the glottis) and A
 2(t) 
(the area of the upper part of the glottis): 
A .(I) = Max {0, 0.15-[0.4-cos(2jtr /7\ )]}, 
" (2.5) 
Ag2(t) = Max {0, 0.15-[0.4-cos(2jir /T0- φ)]}, 
with T0 the duration of the glottal cycle, 
φ phaseshift between the upper and lower pans of the vocal folds. 
Because A ¡(t) anaAg2(t) are symmetrical functions with equal amplitudes, both A(t) 
and A (t) will be symmetrical also. In Fig. 2.8(a) and (b) some waveforms are shown for 
different phase shifts (φ). Note that the waveforms of the geometrical mean of A . and A -
become more and more convex with larger phase shifts while the projected glottal area 
becomes more and more triangular. 
The dimensionless factor k(t) can be considered as a skewing factor which is 
determined mainly by the larynx musculature. The factor k(t) is shown in Fig. 2.8(c) for the 
same phase shifts as employed in making Fig. 2.8(a) and (b). For a zero phase shift a nearly 
constant value of 0.87 is found. The more "vertical phasing" of the vocal folds, the more the 
flow maximum shifts to the right, even if, as it is the case in Fig. 2.8(d), the model is driven 
by a constant transglottal pressure of 8 cm HjO. Note the instants where the flow derivative 
crosses zero [Fig. 2.8(e)]. Furthermore, a steepening of the falling slope of the flow pulse 
can be observed for growing phase shifts. This effect, however, is counteracted by the 
decreasing amplitude ofA(t) at relatively large phase shifts. 
In summary, study of transglottal pressure waveforms and rewriting of Eq. (2.3) show 
that there are two mechanisms which contribute to the skewing of the glottal flow pulses, 
viz., the load impedance of the vocal tract and trachea, which results in a transglottal pressure 
which is highly asymmetric in the open glottis interval and a load independent mechanism 
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related with the vertical phasing of the vocal folds. In a one-section glottis the latter 
mechanism can be modeled by assuming a glottal area which is no longer symmetncal in time 
lAgUn. 
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FIG. 2.8: The two-mass model of the vocal folds reveals that vertical phasing contributes to the 
glottal flow pulse skewing independently of the acoustical load. The following signals are shown for 
different phase shifts between the area functions A j and A, : (a) the projected glottal area, (b) the 
geometrical mean of Л у and A 2. (c) the time-varying kinetic resistance factor, (d) the glottal volume 
flow, and (e) the unie derivative of die glottal volume flow. For the definitions of A. and X, we refer 
to Eq. (2.4) in the text 
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It is not yet clear how many independent pulse shaping mechanisms are needed to 
describe the generation of flow waveforms adequately. A lot of empirical work still has to be 
done. A thorough analysis of simultaneous registrations like those described in this paper, 
however, might provide the constraints which are necessary to decide how to model the 
voice source adequately. Especially, research into the manner in which the skewness of the 
flow pulses dependends on the vowel produced might shed some light on the underlying 
mechanisms. Another approach would to be reconstruct measured flow waveforms with 
models which are driven by measured transglottal pressure. 
IV. CONCLUSIONS 
From our work it appeared that temperature instabilities are a major obstacle hindering 
the use of semiconductor strain gauge pressure transducers in speech research, especially 
when absolute pressure data are mandatory. We have, however, described a simple and 
reliable technique for ал in vivo calibration of the transducm. 
By comparing the outputs of two such transducers in the same cavity it was found that 
the cooling brought about by a fairly deep inhalation suffices to make the transducer zero 
level drift by several centimeters of water. Stable temperature conditions can only be 
expected to occur several seconds after such an inhalation. Also, the transducers prove to be 
extremely susceptible to chance mechanical excitation. Most artefacts can, however, be 
detected by comparing the outputs of two transducers in the same cavity or, alternatively, by 
relating the output of a single transducer to simultaneously recorded laryngeal activity or to 
the speech wave. 
Thanks to the high-frequency resolution of the pressure transducers some aspects of the 
dynamic behavior of the air mass around the vocal folds can be studied. We have shown that 
simultaneous calibrated recordings of subglottal, supraglottal, and transglottal pressure as 
well as subglottal and supraglottal particle velocity can be obtained, providing care is used in 
the calibration of the transducers. 
These simultaneous waveforms can be extremely useful in modeling studies of the voice 
source. Models of the vocal folds could be driven by real or synthetic transglottal pressure 
and calculated flow waveforms compared to those which were "measured". 
It was also shown that the glottal impedance of a two-mass model of the vocal folds can 
be described by a generalized form of the van den Berg equation. This generalized equation 
reveals two mechanisms which contribute to the skewing of glottal flow pulses. It is not yet 
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clear what the relative importance is of either mechanism. Much empirical work still has to be 
done. A systematic comparison of flow waveforms produced by different models and those 
which were "measured" will certainly give more insight into this matter. 
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Chapter 3 
ON THE MEASUREMENT OF GLOTTAL FLOW * 
Abstract 
For developing a comprehensive description of voiced speech sounds in terms of a phonation 
and an articulation component, it is necessary to know to what extent the volume flow modulations 
at the entrance of the vocal tract are due to vocal fold motions and to what extent they are due to 
variations in the transglottal pressure. In order to be able to study this problem it is important that 
the flow at the glottis can be measured during normal speech production in a reliable fashion. In this 
paper a flow measurement technique is described which differs from the more usual invene filtering 
approach to the extent that the flow is not measured at the mouth, but much closer to the glottis. The 
technique is based on the measurement of pressure gradient. It is shown that the proposed method also 
leads to ал invene filtering problem, but that this problem is much simpler and yields moie reliable 
glottal flow estimates. By means of theoretical considerations about velocity profiles in pulsatile flow 
in cylindrical tubes it is shown that the method for measuring flow proposed in this paper must be 
expected to yield reasonable flow waveform estimates in a frequency region from ca. 10 Hz to an 
upper frequency which is dependent on the details of measurement equipment used (and which in our 
case was estimated to be 1500 Hz). By means of a modeling study and by carrying out some 
crosschecks on real measurement data, the merites of the newly developed method are evaluated. 
Paper with L. Boves submitted for publication to J. Acoust. Soc. Am. 
55 
INTRODUCTION 
The speech production system for voiced sounds can be considered to consist of three 
subsystems, viz., (1) the respiratory system which supplies a quasi-static driving pressure, 
(2) the time-varying acoustic impedance of the glottis due to which quasi-periodic air pulses 
are generated, and (3) the load impedance that is mainly determined by the vocal tract For 
many purposes the transglottal driving pressure can be approximated by the lung pressure, 
so that these subsystems may be considered independent, at least during voiced sounds with 
no oral constrictions (Fant, 1960; Flanagan, 1972). In such a situation the glottal flow pulses 
can be thought to be mainly characterized by the vocal fold motions. 
However, in detailed models of the voice source it is necessary to take interaction 
effects between the subsystems into account For, it appears that at the resonance frequencies 
of the subglottal and/or supraglottal systems the load impedance may become comparable to 
the glottal impedance. Consequently, the transglottal driving pressure can no longer be 
considered as quasi-static, but it becomes also dependent on the pressure variations related to 
the resonances of the subglottal and supraglottal cavities (Ishizaka and Flanagan, 1972; Fant, 
1979; Ananthapadmanabha and Fant, 1982; Rothenberg, 1983). Thus the waveform of the 
glottal flow becomes an intricate function of both the valving action of the vocal folds and die 
shape of the vocal tract. 
Although it is not entirely clear beforehand what should be included in a comprehensive 
description of the voice source (in this paper the voice source is defined as a blackbox which 
is responsible for the generation of the actual glottal flow, and which represents the acoustic 
effects due to the glottis and the subglottal system), one can infer from theory as developed 
in the literature (van den Berg et al., 1957; Ishizaka and Flanagan, 1972; Ishizaka and 
Matsudaira, 1972) that it must at least explicate the relations between the glottal flow, the 
transglottal pressure, and some characteristics of the glottis geometry. It is clear that a more 
detailed analysis of these relations can take place only if one succeeds in measuring the 
desired quantities simultaneously. There is no trivial answer, however, to the question of 
how to achieve this. Making calibrated broad band recordings of transglottal pressure during 
normal speech production is technically possible (Cranen and Boves, 1985). Accurate and 
relevant data on glottal flow and glottis geometry, however, are much more difficult to obtain 
under normal speaking conditions. 
Direct measurement of the flow at the glottal outlet is not possible; therefore it is often 
estimated by inverse filtering the flow at the mouth (Rothenberg, 1973). In doing so it is 
assumed that the signal at the mouth can be linearly separated into a component primarily 
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related to phonation (i.e., the airflow pulses coming out of the glottis) and a component 
primarily related to articulation (i.e., the transfer function of the vocal tract). However, since 
inverse filtering is a deconvolution problem where a measured signal has to be decomposed 
into a source component and a filter component, both of which are unknown, this problem 
can only be solved if additional information is supplied about the characteristics of source 
and/or filter. In practice the necessary information is almost never available so that it is 
substituted by assumptions. Usual assumptions are that the vocal tract filter is all-pole and 
that the flow is constant during part of each glottal cycle. 
In its most basic form inverse filtering is a way to estimate the flow at the outlet of the 
glottis. However, since the waveform of the glottal flow is also dependent on the pressure 
variations which are induced in the trachea and vocal tract, glottal flow is not the best 
candidate to describe the basic properties of phonation. Rothenberg and Zaherían (1978) 
have shown that it is also possible to use a nonlinear inverse filter which yields a much better 
descriptor of vocal fold motions than the actual glottal flow. It should be emphasized, 
though, that the major concern of this paper is not to find a way to develop a method for 
characterizing vocal fold motions, but simply to find a reliable way to register flow 
waveforms at the glottis which can be used in research into the acoustic impedance of the 
glottis. 
Once the fundamental nature of the problems in inverse filtering are fully appreciated, it 
is only natural to reconsider means for measuring flow as close to the glottis as possible. Of 
the multitude of techniques for measuring flow only two allow of the construction of sensore 
that can be positioned in the neighborhood of the glottis. 
The first way is to use hot-wire anemometers. By keeping the mass of the heated wire 
very small (also necessary to preserve the subject from burns), miniaturized flow sensors can 
be made with a frequency response up to several kHz. The first attempt to use hot-wire 
anemometers for measuring intra-oral flow during sustained vowels is Teager (1980). Due to 
the very small mass of the wire, however, this type of sensor is very vulnerable. Moreover, 
the characteristics of the sensor are highly dependent on any mucus clogging to the wire. 
Consequently it cannot be inserted via the nasal passage so that it is impossible to use this 
type of sensors for monitoring the glottal flow during normal speech production. 
The second way of measuring flow exploits the fact that pressure gradient and particle 
velocity in air are linearly related when plane-wave propagation occurs. Over a large part of 
the frequency range which is of interest in phonation, pressure gradient can be approximated 
fairly well by measuring the pressure difference between two points that are not too far apart 
(Cranen and Boves, 1985). The use of ultra-miniature pressure sensors in speech research is 
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by now well established. Also, as we have seen, a comprehensive description of the physics 
of phonation requires the measurement of transglottal pressure; thus pressure and flow 
measurements can be combined in a natural way. 
The measurement of flow via the pressure gradient is not without problems. The first 
question to be asked is whether the miniature pressure sensors are sufficiently sensitive to 
record the probably very low pressure differences involved with the small particle velocities 
due to phonation. The answer to this question is essentially affirmative, particularly with 
respect to the lower half of the frequency range which is of interest in speech production 
(Boves, 1984; Cranen and Boves, 1985). The second problem is to establish under what 
circumstances pressure gradient can be considered as a valid representative of volume flow, 
or, in other words, under what circumstances the assumption of plane-wave propagation 
holds. 
The assumption of plane-wave propagation plays a central role in the acoustic theory of 
speech production. Thus one is easily inclined to assume that the requirement for going from 
pressure gradient via particle velocity to volume flow is fulfilled. However, the present 
myo-elastic aerodynamic theory of phonation is based on the assumption of steady laminar 
flow in which the flow profiles are parabolic. Since the equations governing stationary flow 
are significantly different from those which form the basis for measuring volume flow from 
pressure gradient, it is not directly clear how studies based on stationary flow behavior could 
be included into models in which plane-wave propagation is hypothesized. Thus it is 
necessary to reanalyse the aerodynamic and acoustic equations of speech production in order 
to determine the circumstances under which volume flow can be obtained from pressure 
gradient. 
Recently the assumption of plane-wave propagation, which is at the very heart of the 
acoustic theory of speech production, has seriously been called into question by Teager and 
Teager (1983) and Kaiser (1983). Their challenge is based on the hot-wire anemometer 
measurements of Teager (1980). In one interpretation these measurements provide evidence 
of complex aerodynamic processes in the vocal tract, including flow separation, that 
completely invalidate the existing linear theory of speech production. Our reanalysis of the 
interaction between breath flow and acoustic oscillations, however, suggests an alternative 
interpretation in which the linear theory of speech production is not affected. 
The body of this paper consists of two parts. In the first part the mathematical and 
physical principles underlying the flow measurement via pressure gradient is presented in 
some detail The rigorous treatment is meant to yield a clear insight into the capacities as well 
as the limitations of the technique. This part is fairly theoretical in nature. It is shown that the 
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pressure gradient technique of flow measurement can be applied to speech production, i.e., 
that reliable and valid measurements of volume flow in the trachea and pharynx can be 
obtained in a frequency range from ca. 80-1500 Hz. Unfortunately, but not unexpectedly, it 
appears that the estimation of glottal flow from the flow recorded in the immediate 
neighborhood of the glottis still leads to an inverse filtering problem. This new inverse 
filtering problem is less complicated though than the traditional problem of invene filtering 
of the flow at the lips (because of a much lower number degrees of freedom). 
In the second part of the paper the theory developed in the first part is put to the test. 
This is done in two ways. First, all signals involved in the measurement technique are 
simulated by means of a model of the voice source and the vocal tract. The modeling study 
allows us to appreciate the effects of a number of simplifying assumptions, viz., that the 
flow is lossless and that the vocal tract walls can be considered as ideally hard. The second 
test is based on actual recordings in two subjects during speech production. This test exploits 
the fact that glottal flow waveforms can be simultaneously estimated from measurements in 
the trachea and in the pharynx. The obvious assumption that the estimates should be identical 
allows us to obtain some insight into the accuracy of the technique under real world 
conditions. 
We feel that the technique for measuring flow developed in this paper will make for an 
extremely useful technique in fundamental research into the physics and physiology of 
speech production. Not only does it allow the subject maximal freedom in phonation and 
articulation, but it can also very easily be combined with other measurements like electro-
glottogram, photoglottognun, and laryngeal EMG. Thus, there is the promise of an 
immensely rich source of detailed information. We do not think, however, that the technique 
in its present form is suitable for routine measurements or large scale studies involving many 
talkers. This is because the measurement equipment is expensive and difficult to manage. 
Also, the measurement is invasive, particularly in the case where subglottal and supraglottal 
estimates are combined. Finally, the processing of the raw signals necessary to obtain the 
eventual flow estimates requires both powerful computing facilities and expert knowledge, 
because some interactive optimization is still needed, as it is in virtually all inverse filtering 
problems. 
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L GLOTTAL FLOW ESTIMATION IN THEORY 
A. Velocity profiles in pulsatile flow 
For a situation in which there are not any severe constrictions in the trachea or vocal 
tract, we might, as a first approximation, consider the air flow as a unidirectional, laminar 
flow in a hard walled cylindrical tube. Furthermore, if attention is restricted to wavelengths 
which are much smaller than the typical duct lengths, the air can be assumed to be 
incompressible. Moreover, the viscosity μ can be assumed to be constant, because the air is 
at a more or less constant temperature. 
Starting out with the general momentum relation (Navier-Stokes equation) and with the 
continuity equation, it can be shown (cf. Appendix A3) that for an incompressible fluid with 
a constant μ, and under the assumption that the pressure gradient shows harmonic time 
dependence, the amplitude of the particle velocity (A
u
) as a function of the radial distance (r) 
in a cylindrical hard walled tube with radius (ft), is described by the following equation: 
TT*-- \ - — . αϊ) 
<** r dr ν μ 
with: ν μ/ρ, the kinematic viscosity 
A
u
, A amplitude of the (harmonic) particle velocity and pressure gradient, respectively 
Eq. (3.1) is an inhomogenous Bessel equation and its solution can be numerically 
evaluated for different values of r and ω for a given tube diameter R (Mc Donald, 1974). 
However, since it appears that tube diameter and and frequency have compensatory effects, it 
is advantageous to follow a more general approach and to introduce the nondimensional 
fractional radius y = r/R and the dimensionless parameter α = R(ca/v)ia (cf. Appendix A3). 
In Fig. 3.1 some examples are shown of velocity proñles for air in a hard walled cylindrical 
tube for different values of a. The values of a were chosen so that they correspond to a 
situation where the tube has a radius R = 1 cm and where the pressure gradient is varying 
with frequencies of 0.001, 0.01, 0.1, 1, 10, and 100 Hz. Of course the flow profiles can 
also be interpreted to pertain to different tube diameters and corresponding frequencies. 
A number of interesting properties of air behavior can be observed from Fig. 3.1. First, 
at very low frequencies (around 0.001 Hz), the behavior is like that of a dc flow, i.e., the 
flow is in phase with the pressure gradient, and the velocity profile is parabolic at every cross 
section in the tube. Already at frequencies around 0.01 Hz, however, this behavior begins to 
change: A flattening of the velocity profile can be observed, indicating that the viscous drag 
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between the laminae also shows a reactive component Moreover, there is a slight phase shift 
between the pressure gradient and the particle velocity due to the inertia of the air particles. 
For frequencies which are on the order of 0.1 Hz (the frequency region involved with 
breathing) the effect that the laminae move out of phase with one another becomes so strong 
that even flow reversal may occur: air in the center of the tube may flow in the opposite 
direction when compared to the air near the wall. This gives rise to quite complex velocity 
profiles which in addition co-vary with the phase angle of the driving pressure gradient In 
the frequency region above 10 Hz the boundary layer in which the viscosity effects at the 
wall are noticeable becomes so small that the flow profile becomes increasingly simple. The 
air mass in the center of the tube slides up and down as a solid core while the boundary layer 
serves as a kind of lubricant The phase difference between pressure gradient and the 
movement of the bulk of the air is 90°. 
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FIG. 3.1 : Panicle velocity profiles in a rigid cylindrical tube for different values of a. The values 
correspond to frequencies of 0.001, 0.01,0.1,1,10, and 100 Hz with a tube radius of 1 cm. 
Fig. 3.1 suggests that Eq. (3.1) can be simplified even further if we confine ourselves 
to vocal tract shapes without narrow constrictions and to the frequency region above say 
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10 Hz. For the corresponding high values of α the velocity u is no longer a function of the 
radial distance r and may be assumed constant over the cross-sections of the trachea and 
vocal tract. Consequently, the first two terms of the lefthand side of Eq. (3.1) vanish, so that 
we may write: 
ρ duldt = - φ/Α. (3.2) 
This is the well-known linearized momentum relation. Thus we may say that for frequencies 
which are of interest in phonation, and provided that assumption of uni-dimensional laminar 
flow in a hard walled tube is realistic, the velocity profile may be assumed to be flat while the 
particle velocity is lagging the pressure with 90°, at least when the tubes do not become too 
narrow. 
As can be seen by taking the curl at both sides, Eq. (3.2) is equivalent with: 
р#А(7хи) = -Ла»:(Рхр)=0. (3.3) 
The result is zero because the curl of a scalar (p) vanishes. Eq. (3.3) states that when 
viscosity does not play a significant role, an irrotational flow field will remain iirotational. 
This is important because in the absence of any rotation the flow will not generate aero­
dynamic sound. One should be well aware, though, that the low-frequency components of 
the airflow during speech production are viscosity controlled. As a consequence extra sound 
sources of audible frequencies may be present whenever those components become turbulent 
(e.g., due to separation at abrupt changes in cross-sectional area of the duct). 
The flow profiles in Fig. 3.1 also suggest a way for explaining the disturbing 
measurement results of Teager and Teager (1983) without having to abandon the assumption 
of plane-wave propagation at the frequencies which are relevant in speech. Using an array of 
hot-wire anemometers Teager (1980) showed that the particle velocity (и) is not uniform over 
the cross-sectional area of the vocal tract We will not enter into a discussion of the 
instrumental difficulties that may eventually invalidate Teager's data altogether, and for the 
time being accept his measurements as valid data that should be explained. As long as the 
behavior of the air is linear, the flow can be decomposed into its Fourier components. In 
doing so, we see that the (low amplitude) high-frequency components related to phonation 
and vocal tract resonances display plane-wave profiles which are superimposed on the 
(high-amplitude) low-frequency components that are related to breathing and have very 
complex flow profiles. Thus one would rather be surprised by finding uniform velocity 
profiles than by the finding that the hot-wire anemometer waveforms prove to be dependent 
on lateral position. 
62 
Unfortunately, hot-wire anemometers are insensitive to the direction of the flow; they 
effectively yield a full wave rectified display of the actual flow. Consequently, a 
straightforward Fourier analysis of Teager's signals is not possible. Yet it seems worthwhile 
to pursue the idea that Teager's measurements are dominated by low-frequency breathing 
effects before adopting his assumption of flow separation and before abandoning the 
extensive body of theory of speech production based on plane-wave propagation. 
B. Estimation of glottal flow in case of plane-wave propagation 
As mentioned before, wide band registrations of flow measured in the near 
neighborhood of the glottal outlet are extremely difficult to obtain. However, because 
plane-wave propagation seems to be a reasonable assumption in many cases, as we have 
shown in Sec. I A, an indirect method which is based on Eq. (3.2) may be applied where 
pressure gradient is measured instead. 
For practical reasons (e.g., larynx movements during speaking) the location for 
measuring pressure gradient cannot be chosen arbitrarily close to the glottis. As a 
consequence the measured signal will not be equal to the flow at the glottis, but will contain 
"distortions" which are due to the transmission path between the glottis and the measurement 
location. Although the distortions may be kept relatively small by keeping the transmission 
path from glottis to sensors short, it may nevertheless be desirable to compensate for it 
In this section we will elaborate the idea to use pressure gradient as a measure for flow 
and discuss the kind of uncertainties in the flow waveform which are introduced due to 
distortions picked up along the path between the glottis and the sensors. Furthermore, we 
will develop a strategy in order to compensate for these distortions. 
1. Flow and pressure gradient 
In case of unidirectional plane-wave propagation along the direction of the tube axis and 
with viscous losses (in the boundary layer) neglected, the particle veclocity (u) can be found 
by integration of the linearized momentum equation (cf. Eq. 3.2) with respect to time: 
t 
u(x,t) = -1/p ƒ [dp(x,z)ldx] dr. (3.4) 
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With A(x,t) the (slowly varying) cross-sectional area of the tube, we may write for the local 
volume velocity U(x,t): 
t 
U(x,t) = -A(x,t)/p ƒ [др(х,т)/ах] άτ. (3.5) 
-«e 
Eq. (3.5) describes the theoretical principle on which the pressure gradient method is 
based. Unfortunately, using this principle for devising a practical experimental setup for 
measuring glottal flow is not trivial. In fact there are two problems hindering a direct 
implementation. First there is the fact that in a practical measurement situation pressure 
gradient can only be approximated by pressure differences over a finite distance. This has 
consequences for the maximum frequency resolution that can be obtained. Second, due to the 
fact that the pressure sensors have to be placed at a certain distance of each other, it becomes 
impossible to position the effective measurement point of the pressure gradient, which must 
be thought in the middle of the two sensors, as close to the glottis as one might desire. Both 
problems will be analyzed in detail below. 
Due to these practical restrictions the measured waveforms may have become so deviant 
from the waveforms at the glottis that it becomes desirable to account for the cavity between 
the measurement location and the glottis. Although this problem is essentially the very same 
problem as encountered when the flow at the mouth is inverse filtered, it differs from it in the 
sense that a different and somewhat less errorprone estimation procedure can be found. 
However, before going into detail about this, we will first describe the problems which are 
met when measuring local pressure gradient and flow in the trachea and pharynx. 
2. Measuring pressure gradient 
Semiconductor miniature pressure transducers which are designed for heart catheter­
ization can, with the necessary precautions, also be used for measuring tracheal and oral 
pressure variations during normal speech production (Kitzing et al., 1975; Granen and 
Boves, 1985). Consequently, it seems a natural extension to use this type of transducer also 
for measuring pressure gradient Pressure gradient is defined as: 
ρ(χ+ΔχΙ2) - ρ(χ-Δχ/2) 
дрідх. =lim . (3.6) 
Δχ-*0 Δχ 
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By measuring pressure difference by means of two transducers which are mounted at a 
fixed distance not too far apart, a good approximation can be obtained. The choice of a 
practical distance will be dependent on the characteristics of the sensors. There are two 
factors which are restrictive in choosing this distance infinitesimally small. The first is the 
fact that the physical dimensions of the housing in which the sensors are mounted cannot be 
made arbitrarily small. For the Millar catheter we used, the transducers could not be 
positioned closer to one another than ca. 1 cm. The second, and in our case more dominant 
factor, has to do with the sensitivity of the transducers. The smaller the distance between the 
two sensors is, the smaller also the pressure difference will become, and as a consequence 
the S/N ratio of the measured pressure difference signal will decrease accordingly. In our 
setup we have used a catheter with four pressure sensors which were mounted at equidistant 
intervals of 5 cm (cf. Granen & Boves, 1985). The catheter was positioned in such a way 
that the glottis was between the second and third sensor, thus allowing for measuring the 
pressure gradient both below and above the vocal folds. 
Approximating pressure gradient by pressure differences over finite distances Ac is 
equivalent to representing a distributed transmission line by lumped parameter sections of 
length Δχ. This is illustrated by the diagram of the electrical equivalent in Fig. 3.2. The 
analogous constants of a uniform tube of length Δχ are (cf. Flanagan, 1972): 
SAx 
L = 0.5pAx/A C = AdJc/(pc2) R = (03ωρμ)1'2, (3.7) 
2A2 
with: ρ mass density of moist air 
с sound velocity in air 
μ viscosity of air 
A cross-sectional area of the pipe 
S circumference of the pipe 
a circular frequency 
Lumping restricts the frequency range in which the pressure and flow signals can be 
considered valid representatives for the signals in the distributed system. In Fig. 3.2 the parts 
of the trachea and the pharynx closest to the glottis are represented by two cylindrical, hard 
walled tube sections of equal length Δχ. In the middle of each section a node is present 
where the pressure can be obtained (Pj through P4). When Δχ equals S cm, the locations to 
which the pressure difference signals (Pj-P^) and (PyPJ apply are at a nominal distance of 
5 cm from the glottis. The maximum frequency to which the pressure difference signals can 
be considered as valid estimates of the pressure gradient depends on the accuracy desired, 
but when there is a standing wave with a pressure maximum at the glottis, the upper 
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frequency will certainly not exceed a frequency of which the corresponding wavelength is 
greater than double the distance from the glottis to the sensor farthest away, i.e., 2 χ 7.5 cm 
(this corresponds to ca. 2.3 kHz). In order to keep a safe margin and also because our 
pressure recordings have a limited S/N ratio of ca. 35 dB (cf. Granen and Boves, 1985), we 
will restrict our attention to frequencies below 1.5 kHz. 
t 4 TRRCHEft GLOTTIS PHARYNX • 
FIG. 3.2: Lumped parameter model of the glottal region. If Δι is chosen equal to S cm, Pj-P^ 
correspond to the signals which are recorded by the Millar catheter. Wall impedances (drawn with dashed 
lines) can be neglected in a first approximation. 
3. Estimating flow in the trachea and the pharynx 
From Fig. 3.2 it can be inferred that the flow at a nominal distance Δχ upstream of the 
glottis can be described by: 
(Rj+RJUJt) + {L^LJdUJtjIdt = PjfO-Pjt), (3.8a) 
and the flow at a nominal distance Δχ downstream of the glottis as 
(Rj+RJU^t) + (Lj+LJdU^ti/dt = P3(t)-P4(t) . (3.8b) 
Because all our measurement data have been digitized with a sampling rate of 10 kHz 
(sampling interval At = 0.1 ms) and are thus readily available for digital signal processing, it 
is more convenient to formulate the flow estimation procedure in the Z-domain. Rewriting 
Eqs. (3.8) while substituting differentials by first order differences (which is an acceptable 
approximation for the frequencies of interest), we obtain: 
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VJ')- — , (3.9a) 
U„,(*)= Р , (3.9а) 
( i - V 1 ) 
with: ΛΓ
Λ
 - 1/{(Λ;+Λ2)+(ί,;+ί.2)/4/}, 
α
ώ
 - l / i l+CÄ^Ä^A/^+Lj)} , 
К - 1/{(R3+R4)+(L3+L4)/At}, 
aZ - ЩЫН3+114)ЩЬ3+14)}. 
Using Eq. (3.7) and substituting the numerical values for the physical constants of air 
(and fixing the frequency at which the viscous resistances are evaluated), it is easy to verify 
that a^ and a are on the order of 0.99. This number may decrease to ca. 0.97 if the viscous 
loss is increased by a factor 20 to 25, which according to Ishizaka and Flanagan (1972) 
would yield more realistic formant bandwidths. This means that the Altering operations 
described by Eqs. (3.9) are in fact integrations with a small amount of "memory loss". 
Note that in the absense of adequate estimates of the cross-sectional areas of the 
subglottal and supraglottal tubes, no absolute figures can be obtained for K
sb and Κ , i.e., 
of the amplitude of the volume flow. 
C. Estimating the flow at the glottis 
TheU
sb and U waveforms can be used to obtain two independent estimates of the flow 
at the glottis: 
V/t) = изь<0 -ис2(0 = л!*) - C2.dP2/dt, (3.10a) 
Ug<t) =Usp(t) -UC3(t) =Uip(t) - C3.dP3/dt. (3.10b) 
These equations express that the glottal flow can be estimated by measuring the flow at a 
nominal distance Δχ from the glottis and adding or subtracting the flow which is due to the 
air particles remaining in the tube section between glottis and measurement location (i.e., the 
time derivative of the pressure at At/2 multiplied by a constant). From now on we will call 
the flow components t/
c2 and UC3 which must be subtracted or added to the measured flows 
in order to obtain the estimates of the glottal flow "compensation flows". 
Let us take the tracheal measurement situation as a working example and have a closer 
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look at the amplitude of this flow component UC2. Combining Eqs. (3.7) and (3.9), and 
defining ΑΔχ/2 я* ^
6
 average cross-sectional area of the first Δχ cm, ^ ¿ ^ as the average 
cross-sectional area of the second Δχ cm of the trachea, and A^ as the average οΐΑΔχί2 and 
Α3ΔχΙ2·
we
 obtain: 
UJt) = U
sb(t) -C2.dP2(t)lcL· ^A^uJ^-iA^-AxIp^ydP^ldt, (3.11) 
or, factoring out Α ¿χ and making use of Eq. (3.4): 
f ^„'(PjW-Pjz)) Δχ (l-z-')/yz) Ί 
Ug(z) = Ajp R^ \, (3.12) 
* l· Ax ll-a .i-'i c* At ' 
with K
si; шК^А^.шва R 
• area •> 
ΔχΙΙ-α^1) <r At 
Δχ/2 
'ib' 
A 
area ~ 
A* 
In case the viscous losses are very small, K
sb' can be considered independent of the 
cross-sectional area of the tube [cf. Eqs. (3.9)]. Thus, for tubes which are not tapering too 
fast (Raraj » 1), the waveform of the glottal flow pulses can apparently be estimated without 
further knowledge of the cross-sectional area of the tube. The time-derivative of Ρ2 must be 
added to the pressure gradient after it has been multiplied by an amplitude factor which is 
about Δχ/c2 [see Eq. (3.12)]. The uncertainty in the amplitude factor will increase if there is 
less certainty about the geometrical shape of the cavity in which the pressure sensors are 
located. As the trachea may be assumed to be fairly uniform and also time-invariant, R^^ 
will be close to one for the subglottal situation. For the pharynx, however, the value ofR^^ 
may be expected to vary over a relatively broad range. 
A second factor which was left out of the discussion till now but which also increases 
the uncertainty in the relative amplitude of the compensation flow is the position of the glottis 
relative to the sensors. Up to now it was assumed that the catheter could be positioned so that 
the glottis was exactly in the middle between sensors #2 and #3. Of course, in a practical 
situation such an accurate positioning will be impossible. Moreover, one should expect the 
larynx to move up and down during speaking so that C2 and C3 become time-variant 
Given the uncertainty with respect to the relative amplitude of the compensation flow, it 
seems wise to adopt some optimization criterion by means of which the glottal flow estimate 
can be "fine tuned" in an interactive way. 
In inverse filtering two criteria have been used, viz., maximal flatness of the "closed 
glottis interval" and minimization of the amplitude of the formant ripple. Often, it is assumed 
that when the vocal folds are pressed together, the glottis is completely closed, so that the 
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flow is forced to zero, showing up as an entirely flat interval. In Cranen and Boves (1987), 
however, it was argued that there are several mechanisms due to which significant flow 
modulations can be observed also in the closed glottis interval. When it is no longer 
guaranteed that the entire "closed glottis interval", an interval which can be easily detected by 
means of the EGG, we feel that a "maximum flatness" criterion is not the best choice. 
A criterion which tries to minimize the formant ripple in the "closed glottis interval" of 
the glottal flow, however, seems more realistic. Tor, whatever mechanism causes the flow 
modulations during the closed glottis interval, the cross-sectional area of the glottis will 
generally be so small during this time that the acoustic impedance of the glottis can be 
considered high relative to the acoustic impedance of the vocal tract, so that any nonlinear 
source/tract interaction will be minimal. Thus it seems warranted to assume that most of the 
ripple in the measured flow pulse (i.e., time integral of the pressure gradient) has been 
picked up during its travel towards the mouth and is not present in the glottal flow 
waveform. In other words it should be possible to compensate nearly all the ripple in the 
integral of the measured pressure gradient signal by adding a scaled version of the 
time-derivative of the pressure, at least in the "closed glottis interval". The sum with minimal 
ripple can then be considered the best possible estimate of the glottal flow. Because the 
ripples in the pressure signals P2 and P3 are largest during the "closed glottis interval" this 
procedure should be rather sensitive. 
Π. THE PRESSURE GRADIENT METHOD UNDER TEST 
A. Testing the flow estimation procedure by means of a model 
In the technique for measuring flow that is proposed here two additional parameters 
must be established. First, the flow measured at a certain distance from the glottis is 
indirectly determined from the pressure gradient by means of a leaky integrator [cf. Eqs. 
(3.9)] of which the "memory leakage" is not known (due to the fact that the viscous loss at 
the tube walls is unknown). Second, the compensation flow is only proportional to the first 
derivative of the pressure if the tube has ideally hard walls. In order to get a feeling for the 
order of magnitude of the effects on the glottal flow estimate due to a mis-estimate of the 
viscous loss, or the fact that the walls are not ideally hard, we simulated our measurement 
situation on a digital computer. 
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We implemented a vowel production model in which the voice source was modeled as 
an ideal pressure source (/'/„„J with a constant amplitude of 8 cm HjO and with a 
time-varying glottal impedance in series, while the vocal tract was represented as a cascade of 
symmetrical T-sections like in Fig. 3.2, representing cylindrical tube sections with a length 
of 0.5 cm and with an adjustable wall impedance. For controlling the part of the glottal 
impedance which is directly due to the vocal fold motions, we used the synthetic glottal area 
waveform depicted in Fig. 3.3. This waveform should be interpreted as the "effective glottal 
area" in a leaky two-mass model (cf. Granen and Boves, 1987). 
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FIG. 3.3: The effective glottal area function 
which was used to control the voice source. 
Applying Thevenin's theorem, this voice source can be described by an ideal current 
source (C/^ ) with a shunt impedance (Z ) where: 
U
sc
<t) = Ag(t) QPlungtpY>l (3.13a) 
У " = C W V / U
a
 = V W WpPJ™. (3.13b) 
with: ί/д. the equivalent short-circuit flow (cf. Ananthapadmanabha & Fant, 1982), 
Ρ the supraglottal pressure just above the folds, 
P.. 'tr PlungPsp)' L e - Л е transglottal pressure, 
„ the " effective" glottal area. 'glottal 
For the vocal tract we used three different shapes corresponding with the vowels /a,u,i/. 
The cross-sectional area data were taken from the Russian vowel data of Fant (1960). This 
model allows us to calculate both the pressure and the flow in the vocal tract at every 0.5 cm. 
Thus, by using the pressure signals at 2.5 cm and 7.5 cm from the glottis as synthetic 
"measurements" we evaluated the glottal flow estimation procedure under various conditions. 
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/. Waveforms of glottal flow estimates with inaccurate estimation of the 
viscous losses 
In the first test we used an integrator with a memory loss corresponding with the 
viscous resistance values used in the model to generate the pharyngeal flow estimate from the 
pressure difference signal. We then estimated the amplitude of the compensation flow in 
exactly the same way as we would have done with real measurements. That is, we 
established interactively the amplitude of the derivative of the pressure at 2.5 cm from the 
glottis needed to compensate the ripple in the pharyngeal flow estimate (derived from the 
pressures at 2.5 and 7.5 cm from the glottis) as good as possible. As expected, the fît was 
quite good for all three vowels /a/, /u/, and /i/, and the effect of the relatively large distance 
of 5 cm between the locations where pressure is "measured" can barely be seen. As an 
illustration we have shown the relevant waveforms for /u/ in Fig. 3.4. From top to bottom 
and from left to right the following signals are shown: a) the pharyngeal flow estimate for the 
correct a (solid line) and the "real" pharyngeal flow, i.e., the flow in the 11th 0.5 cm 
section of the model (dashed line), b) the compensation flow estimate (solid line) and the 
"real" compensation flow, i.e., the difference of the real pharyngeal flow and the real glottal 
flow (dashed line) c) the glottal flow estimate for the correct a (solid line) and the "real" 
glottal flow d) the derivative of the glottal flow estimate (solid line) and the derivative of the 
"real" glottal flow (dashed line), e) the estimation error of the glottal flow (second panel), 
and f) the estimation error of the derivative of the glottal flow (second panel). 
Next, we varied a around the correct value (ca 1% too low and 1% too high) and 
compared the glottal flow estimates again with the "real" glottal flow. In Fig. 3.4 only the 
estimation errors are shown; the first panel pertains to an a which was too low and the third 
panel to an a which was too high. The most eye catching effect of a mis-estímate of the 
viscous loss is that due to the over- or under-estimation of the memory leakage of the 
integrator the amount of low-frequency content in the pharyngeal flow is estimated wrongly. 
These low-frequency components may change the pulse form quite drastically. Especially 
interesting is the fact that the overall slope in the "closed glottis interval" is affected. 
The circumstance that the effects of a mis-estimate of the viscous loss are restricted to 
the very low frequencies makes it impossible to annihilate those effects by a theoretically 
wrong choice for the amplitude of the compensation flow in which high(er) frequency 
components are dominant Thus it appears that -at least in the case of a model with rigid 
walls- no trade-offs are possible that lead to "optimal" results obtained with incorrect 
parameters. Irrespective of the actual value of the viscous loss factor optimal results are 
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obtamed if the amplitude of the compensation flow is chosen according to our criterion, i.e., 
in such a way that the amplitude of the fromant ripple in the glottal flow estimate is 
minimized, while at the same time ascertaining that the flow is constant during a maximally 
large part of the "closed glottis interval". 
FIG. 3.4: Evaluation of pressure gradient method by means of a hard walled vocal tract model. From 
left to right and from top to bottom are shown: (a) U : the pharyngeal flow estimate (solid line) 
calculated from pressures at a distance of 2.S and 7 J cm from the glottis, and the real pharyngeal flow 
in the model (dashed line); (b) UC3: the compensation flow estímate (solid line) as calculated from the 
pressure at a distance of 2.S cm from the glottis, and the real compensation flow (dashed line); (c) U : 
the glottal flow estimate (solid line), i.e., the sum of (a) and (b), and the real glottal flow in the model 
(dashed line); (d) dU /dr. the derivative of the glottal flow estimate (solid line) and that of the real 
glottal flow (dashed Une); (e) Err (Í/J: three error signals indicating the difference between the real 
glottal flow and the estimated glottal now as a function of the integration leak a . The second panel 
applies to the signals (a) - (d). In the upper panel a is chosen 1% too low, in Sie lower panel a 
is chosen 1% too high, (f) Err (dU /dt): three error signals indicating the difference between the 
derivative of the real glottal flow ancf that of the estimated flow. The tree panels correspond to the same 
a values as in (e). 
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2. Waveforms of glottal flow estimates when the tube walls are not rigid 
When the walls of the tubes in which the pressure is recorded are not rigid the wall 
impedance must be set in parallel to the capacitor C2 or C, respectively (see Fig. 3.2). If we 
model the wall impedance as a resistance, an inductance, and a capacitance in series (e.g., cf. 
Ishizaka et al., 1975), the relation between compensation flow and pressure becomes more 
complicated. The complex impedance in the trachea may be written as: 
Ρ2 1 f 1 - (cPLyCy, + іеоИу/Сф 
UC2 І^ Сг 1 + с /с2 * rfLvPv+ J^wAf 
while analogously for the pharynx, 
P3 1 J l-u^L^C^+jûiR^^r 
\JC3 ¡aCj 4 + Cy/Cj - aïLyjCy+ΐ'ΰΛ^μ, 
The impedances have an extra zero-pair at about the mechanical resonance frequency of 
the wall \.а>
т
 » (l/Z^^rC )^172] and an extra pole-pair at a frequency determined by the ratio 
of the acoustic capacitance and the wall capacitance \(ùow' » {(1+Cw/Cj)/¿
№
CH,}1/2 which is 
always higher than co
ow
,]. It can be inferred from Eqs. (3.14) that for frequencies which are 
much higher than the resonance frequency of the wall the impedance may still be considered 
as a pure capacitance and equal to the capacitance of the hard walled tube. At frequencies 
which are of the same order as the resonance frequency of the wall, however, there is a 
significant effect on the phase and amplitude of the frequency components of the flows and 
pressures. 
In Fig. 3.5 the results are shown when the estimation procedure is applied to the 
synthetic "measurements" for an /u/ calculated by means of a vocal tract model with yielding 
walls. The voice source was the same as used for Fig. 3.4. The wall of the vocal tract tube 
was chosen to have a mechanical resonance frequency of 60 Hz. The wall parameters (/
w
, 
R
w
, C
w
) were derived from the tensed cheek data of Ishizaka et al. (1975): The per unit area 
mass was taken M = 1.3 g, the per unit area viscous loss В = 1060 g/s, and the per unit 
area compliance К = 184000 dyne/cm. These values are somewhat different from the values 
listed in their Table П, but the values in this table do not correspond with the data in their 
Fig. 4. We have assumed that the data in the figure are correct Again the solid curves 
represent the estimated waveforms while the dashed ones represent the real waveforms of the 
model. While estimating the glottal flow we tried to simulate the practical situation as closely 
(3.14a) 
(3.14b) 
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FIG. 3.S: Evaluation of pressure gradient method by means of a vocal tract model with yielding 
walls. From left to right and from top to bottom are shown: (a) U : the pharyngeal flow estimate 
(solid line) calculated from pressures at a distance of 2.5 and 7.5 cm from the glottis, and the real 
pharyngeal flow in the model (dashed line); (b) U
c3: the compensation flow estimate (solid line) as 
calculated from the pressure at a distance of 2.5 cm from the glottis, and the real compensation flow 
(dashed line); (c) Ug: the glottal flow esumale (solid line), i.e., the sum of a) and b), and the real glottal 
flow in the model (dashed line); (d) dV Idi: the derivative of the glottal flow estimate (solid line) and 
that of the real glottal flow (dashed line); (e) Err (U ): three error signals indicating the difference 
between the real glottal flow and the estimated glottal flow as a function of the integration leak a . 
The second panel applies to the signals (a) - (d). In the upper panel a is chosen 1% too low, in tße 
lower panel a^ is chosen 1% too high, (f) Err (dVJdt): three error signals indicating the difference 
between the derivative of the real glottal flow and that of the estimated flow. The tree panels correspond 
to the same a values as in (e). 
as possible by allowing the adjustment of both the memory leakage of the integrator by 
means of which the pharyngeal flow is estimated and the amplitude of the derivative of the 
pressure at 2.5 cm from the glottis used to estimate the compensation flow. Because the 
underlying assumption of rigid walls is not fulfilled, the derivative of the pressure does not 
provide the correct waveform to minimize the ripple in the pharyngeal flow at every time 
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instant. This can be seen clearly from the second panel in Figure S. This misfit is also 
observed when trying to estimate the glottal flow: It appears to be difficult to decide which 
pair of parameters yields "the" glottal flow waveform because it is very often possible to find 
more than one apparently different solutions which all look realistic. 
In Fig. 3.5 the glottal flow estimate applies to an a value of 0.979 (the value that 
corresponds to the viscous loss resistances used in the model). In the closed glottis interval 
the same kind of hump on the back slope of the glottal pulse can be observed as in the A 
waveform we used in our voice source and as in the "real" glottal flow. If we used a value of 
a = 0.989, however, the closed glottis interval of our estimate could be made almost 
entirely flat while the pulse shape became rather triangular. By using a = 0.969 the hump 
on the back-slope became more pronounced. This illustrates that the estimation of the glottal 
flow waveform may become badly hindered by the wall impedance when the pressure from 
which the compensation flow has to be estimated has its fust spectral maximum around 200 -
300 Hz. The same kind of experiment carried out for an /a/ revealed that the effect of the wall 
impedance is negligible for vowels with a first formant around 600 Hz. 
B. Testing the pressure gradient method in practice 
Provided that the lateral and longitudinal motions of the folds cause air displacements 
which are of secondary importance with respect to the flow caused by the translaryngeal 
pressure, as argued by Flanagan and Ishizaka (1978), there is another way to assess the 
reliability of the pressure gradient method. For in that case the estimates of the glottal flow 
which are derived from the subglottal and supraglottal pressure gradients should lead to 
almost identical waveforms. The degree of success in obtaining more or less similar 
waveforms can thus be interpreted as an indicator for the adequacy of the method (i.e., the 
underlying model). 
The amplitude factor for the pressure derivative which is needed to compensate the 
ripple in the flow at S cm distance from the glottis may serve as an independent criterion for 
judging the accuracy of the glottal flow estimate. A large deviation from the expected value 
[cf. Eq. (3.12)] might indicate a violation of assumptions. 
In this section we will show some results for actual speech recordings obtained with our 
estimation procedure. In the first part we show the results for an /a/ as a representative 
example of vowels with a relatively high first formant. In the second part we show the 
results for an /a/. 
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1. Comparison of glottal flow estimates derived from subglottal and 
supraglottal measurements during lal. 
In the left part of Figure 6(a) some waveforms are shown for an /a/. From top to bottom 
they represent a) the pressure gradient in the trachea at ca. S cm upstream of the glottis, b) the 
estimate of the tracheal flow {Usb) at ca S cm upstream of the glottis, c) the estimate of the 
tracheal compensation flow (i/^), and finally d) the estimate of the flow at the glottis, and e) 
its derivative. In the right part of Figure 6(a) the corresponding waveforms are shown for the 
pharynx. In Figure 6(b) the difference between the two estimates of the glottal flow 
waveforms are shown as well as the difference between the derivatives. 
The scaling factors for the pressure derivatives (compensation flows) were determined 
interactively as to minimize the ripple in the closed glottis interval of the glottal flow estimate. 
The integration leakage used to determine the flow at 5 cm from the glottis was chosen so 
that at least part of the closed glottis interval (generally somewhere in the centre) of the glottal 
flow estimate had a slope of about zero. 
Although we allowed to adjust both parameters freely, there was only a small range 
within which the integration leak or the amplitude factor for the compensation flow could be 
adjusted. A small trade-off effect between integration leakage and amplitude factor of the 
pressure derivative could be observed, but it was never so large that the congruence between 
subglottal and supraglottal estimates dissappeared. Also, it appeared to be relatively easy to 
find a set of parameters which made the tracheal and pharyngeal estimates look almost 
identical. 
The most important observation that can be made from Fig. 3.6 is that it is apparently 
possible to compensate nearly all first formant ripple both in the tracheal and the pharyngeal 
flow estimate by adding a scaled version of the first derivative of the pressure, and that the 
resulting glottal flow estimates and their derivatives become very similar. This gives 
substantial support for the idea that the underlying model is correct and that the method is 
suited to record the dynamic behavior of the air around the glottis. 
FIG. 3.6: Estimation of glottal flow from tracheal and pharyngeal pressure gradients fo the vowel lal. 
(a) The left-hand signals apply to the trachea, and the right-hand signals to the pharynx. From top to 
bottom are shown: the flows at a distance of ca. S cm from the glottis (V^ (/„,), the compensation 
flows (t/c2· Vcj), the glottal flow estimates (Ug(sbK UJ*P)), and the derivatives of these estimates 
(dUgld/^JUg/ttfspfy. (b) The left-hand signal [EniUg)) denotes the difference between the glottal flow 
estimates which were derived from tracheal and pharyngeal measurements; the right-hand signal 
[ErrfdUg/dt)] denotes the difference between the derivatives of these flow estimates. 
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The relative amplitudes of the derivative of the pressure needed to optimize the glottal 
flow estimate were LO-fS/c2) for the tracheal signal and O.SSiS/c2) for the pharyngeal 
signal. These figures are very reasonable given the fact that we do not know the details in 
tube geometry and neither the exact position of the glottis with respect to the sensors [cf. 
Eq. (3.12)]. 
Another point which deserves some attention is the fact that three epochs can be 
distinguished in the "closed glottis interval" and that only during the second one the flow is 
constant. The nonflatness during the rest of the "closed glottis interval" cannot be explained 
away by inaccuracies of the method. This phenomenon was already discussed in Cranen and 
Boves (1987a) and some tentative explanations were given in Cranen and Boves (1987b) 
where these flow modulations were attributed to vertical phasing in combination with glottal 
leakage. 
2. Comparison of glottal flow estimates derived from subglottal and 
supraglottal measurements during lul 
Figure 7(a) and 7(b) show the relevant waveforms for the vowel /u/. It is an illustration 
of the fact that, as opposed to the measurements for /a/, we could not find glottal flow 
estimates that consist of the sum of a time-integral of the pressure gradient at a nominal 
distance of 5 cm from the glottis and a scaled version of the pressure derivative at ca. 2.5 cm 
from the glottis which looked the same inespective whether the measurement location was 
below or above the glottis. Not only we couldn't make the estimates look similar, but also 
the relative amplitude of the pressure derivative in the pharynx had to be taken nearly zero 
[0.1'(S/c2) or less] in order to obtain a waveform which adheres to our intuition about how a 
glottal flow pulse should look. 
FIG. 3.7: Estimation of glottal flow from tracheal and pharyngeal pressure gradients fo the vowel /u/. 
(a) The left-hand signals apply to the trachea, and the right-hand signals to the pharynx. From top to 
bottom are shown: the flows at a distance of ca. 5 cm from the glottis ( ( / ^ л^>)> ^16 compensation 
flows (l/c2- ^Cj)· ** ßlottal flow estimates (UJsbK i/gW), and the derivatives of these estimates 
(dU¿dt^JU¿dispì). (b) The left-hand signal [£rr({/£)] denotes the difference between the glottal flow 
estimates which were derived from tracheal and pharyngeal measurements; the right-hand signal 
[EnidUJdt)] denotes the difference between the derivatives of these flow estimates. 
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Because one may expect the tracheal measurement situation to be more or less 
independent of the vowel produced and because the method appears to work successfully 
with an /a/, it seems justified to assume that the glottal flow estimate derived from the tracheal 
measurements is very close to "the" glottal flow. This feeling is only reinforced when the 
relative amplitude of the tracheal pressure derivative is considered: the optimum value was 
found to be 0.65-(5/c2). The poor fit of the two estimates may then be explained by 
assuming that the wall impedance of the pharynx plays a significant role (cf. section Π. A.3). 
An extra indication that the wall impedance can not be considered infinitely high is the fact 
that the measured pharyngeal flow is almost constant during the time the glottis is closed 
(compare the pharyngeal waveforms from our model in Fig. 3.4 and 3.5). Although it is 
very tempting to try to prefilter the pharyngeal pressure with a filter which accounts for the 
wall impedance, practice learns that is is almost impossible to establish realistic values for the 
R
w
, L
w
, and C
w
 simply by looking at time-domain waveforms. In order to make this 
parameter estimation problem solvable, clearly extra knowledge is needed. 
In inverse filtering similar problems can be observed when trying to estimate glottal 
flow waveforms for /u/ and /i/ vowels. Because the underlying assumption in inverse 
filtering (the glottal flow/mouth flow transfer function contains only poles) is equivalent to 
the assumption of plane-wave propagation in hard walled tubes, the same explanation may 
hold as for our pressure gradient method. In order to be able to obtain a flow waveform of 
the right shape it is important that the amplitude and phase effects due to the walls of the 
vocal tract are correctly accounted for. 
A requirement for the inverse filtering method to work also in case of an /u/ or /i/ is thus 
that knowledge is available about "effective" wall parameters. If the glottal flow estimates are 
not compensated it is very likely that large estimation eirors occur due to first formant ripples 
which are falsely attributed to the glottal flow. 
Ш. CONCLUSIONS 
In this paper we have described a technique for estimating the flow at the glottis by 
measuring the pressure and the pressure gradient at a distance not too far from the glottis by 
means of miniature pressure transducers. Using the pressure signals recorded by two 
sensors as a basis, glottal flow estimates can be calculated by adding the time integral of the 
pressure difference between the two sensors to a scaled version of the pressure differentia] at 
the sensor closest to the glottis. 
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Because this technique leans heavily upon the assumption that plane-wave propagation 
occurs, it was tried to establish the theoretical limits within which the method is applicable. 
By calculating the velocity profiles of an incompressible fluid in hard walled cylindrical tubes 
an indication was found for the ratio between frequency and tube radius for which the 
assumption of plane-wave propagation is realistic. Theory seems to predict that if attention is 
restricted to frequencies which are equal or higher than the fundamental frequency normally 
observed in speech, the pressure gradient technique is likely to be applicable. This same 
theory also can give some insight into the problems which arise when interpreting flow 
measurements which are made by means of hot-wire anemometers. 
Using a model of the vocal tract, representing a concatenation of cylindrical tube 
sections with a length of 0.5 cm, variable cross-section, and adjustable wall impedance, a 
number of synthetic "measurements" were generated to test the estimation procedure. It 
appeared that the method, which is based on the interpretation of pressure measurements in 
terms of a lumped network (the length of each section being S cm), works quite well in a 
situation where the tube walls are rigid, as should be expected from a method of which the 
underlying equations are based on hard walled tubes. For vocal tract tubes with yielding 
walls, however, the method only works well when vocal tract configurations are involved 
that give rise to a relatively high first formant, but problems arise when the frequency of the 
first formant is relatively low. An analytical explanation for this finding was given by 
showing that the effect of the cavity between glottis and measurement location is changed 
from a pure capacitor into a filter wich has an additional pole and zero pair in the 
neigborhood of the mechanical resonance frequency of the wall. For higher frequencies the 
net effect of this combined pole-zero pair is negligible; for lower frequency components, 
however, it has a relatively strong influence on amplitude and phase. 
A same kind of effect could be observed in the real measurement situation. Because we 
have measured the pressure and pressure gradient both below and above the glottis 
simultaneously, the continuity relation could be used to check the similarity between the 
glottal flow estimates which were derived from the tracheal and pharyngeal measurements. It 
appeared that the estimates were strikingly similar for a vowel like /a/, but that it was 
impossible to make both estimates look similar in case of an /u/. 
It was concluded that the measurement technique gives quite accurate and reliable results 
for the sensors in the trachea, but that the accuracy of the glottal flow estimates derived from 
the pharyngeal pressure gradient is highly dependent on the frequency of the first formant 
due to the nonnegligible wall impedance. Because the underlying model for the pressure 
gradient is the same as for the inverse filtering method, the finding that the wall impedance 
81 
has strong effects on the resulting waveform of the glottal flow estimate can also be used to 
explain why this method often fails too with /u/ and lil type vowels. 
In conclusion we feel that the pressure gradient technique gives more accurate and reliable 
results than the inverse filtering method, especially when the pressure gradient is measured in 
the trachea. Due to the invasiveness of the procedure, it cannot be applied for routine 
measurement However, for collecting data about the movements of the air particles in the 
neighborhood of the vocal folds in order to be able to model this behavior, it should be 
preferred because much more details in the waveform are preserved. 
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A3. APPENDIX: VELOCITY PROFILES IN PULSATILE FLOW 
The equation describing the conservation of momentum in a compressible fluid with a 
constant viscosity is: 
ρ dvlà +p{v.V)v = pg-Vp + ß[V2v+V(yv)ß], (A3.1) 
with: ρ » p(pj) pressure, 
ν particle velocity, 
g gravitation acceleration, 
ρ mass density of the fluid, 
μ viscosity of the fluid, 
7 temperature. 
The continuity equation is 
dp/à +Γ·(ρν) = 0. (A3.2) 
These equations can be used to describe a unidirectional airflow in a cylindrical tube with 
radius R. To that end, using cylinder coordinates, we write the particle velocity as: 
v=[y
x
,v
r
,v^ with v
x
 = u and v
r
=v((>sQ. (A3.3) 
If the fluid can be assumed to be incompressible (i.e., if the disturbances in the pressure are 
much smaller than pjc1, and if the typical wavelengths (λ) are much greater than the typical 
duct dimensions (L), or equivalently, if the typical frequencies/«c/L) then the following 
relation will hold: 
Vv =0 
and since we assumed unidirectional 
-* duldx = 0 
\ dpldr = 0 
v
a
=0 J -» 
ψ
 др/д<р= 0 
Thus, neglecting gravity [in air this factor becomes significant only for wavelengths which 
are more than 12 km (cf. Lighthill, 1978)], and taking into account that viscosity cannot be 
neglected beforehand because frequencies may be involved for which the typical distance 
over which viscosity effects at the wall remain noticeable (i.e., /i/p2itf) is of the same order 
as R, Eq. (A3.1) converts to 
(A3.4a) 
flow 
и = u(r,t), 
p=p(x,0- (A3.4b) 
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(Α3.5) 
where u - Ο at the tube wall (r - R), 
и < Ό at the tube axis (r - 0). 
Since u is only a function of r and t, and ρ is only dependent on χ and t, dpldx can only 
depend on t.. 
Now let us suppose the driving forces can be expressed via the pressure gradient as an 
harmonic function of time, then this equation may be used to predict the velocity profiles 
(McDonald, 1974). So, if we write the pressure gradient as a complex harmonic function, 
jú)r 
dpldx = Ap e , (A3.6) 
with A a constant amplitude factor, then и will also show harmonic time dependence (i.e., 
u = A
u
 eJ0*) and Eq (A3.6) converts to: 
A4 1¿14 ju) A, 
+ - - " - —Au = -£-. (A3.7) 
dr r dr ν μ 
where ν- μΐρ is the kinematic viscosity 
Eq. (A3.7) is a nonhomogeneous Bessel equation. Its solution for the prevailing boundary 
conditions is 
A - - 1 
f ./0[r(úyv)1/2j3/2] \ 
\ 1 Γ- ( A 3 · 8 ) 
-jap l 70[Ä(uVv)1/2j3/2] J 
where /0[x(û)/v)1/2j3/2] is a Bessel function of the first kind of zero order and complex 
argument The argument of the Bessel function in the denominator of Eq. (A3.8), 
α = Λ(ΰ)/ν)1/2, (A3.9) 
is the inverse of the dimensionless typical penetration depth (δ) of viscous wall effects. If 
δ - 1 the viscous effects are noticeable within the entire tube. If δ « 1 viscosity effects are 
only noticeable within a small boundary layer near the wall. By introducing the fractional 
radius 
y = rlR, (A3.10) 
it becomes clear that α (or, alternatively, δ) represents a nondimensional parameter which 
characterizes kinematic similarities in the fluid motion: Doubling the radius of the tube while 
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simultaneously lowering the frequency with a factor 0.7 keeps the velocity profile the same. 
With these new parameters, the solution for the velocity distribution converts to: 
A R2 f Jglocyj™} γ 
k
u
=— \\ \. (A3.11 
In Fig. 3.1 some examples are shown of velocity profiles in air for various values of α as a 
function of the dimensionless radius y. The values of α are chosen so that they correspond to 
a situation where the tube has a radius R = 1 cm and where the frequencies are 0.001,0.01, 
0.1, 1, 10, and 100 Hz. 
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Chapter 4 
ON SUBGLOTTAL FORMANT ANALYSIS * 
Abstract 
When subglottal pressure signals which are recorded during normal speech production are 
spectrally analyzed, the frequency of the first spectral maximum appears to deviate appreciably from 
the fust resonance frequency which has been reported in the literature and which stems from 
measurements of the acousüc impedance of the subglottal system. It is postulated that this is caused 
by the spectrum of the excitation function. This hypothesis is corroborated by a modeling study. 
Using an extended version of the well-known two-mass model of die vocal folds that can account for 
a glottal leak, it is shown that under realistic physiological assumptions glottal flow waveforms are 
generated whose spectral properties cause a downward shift of the location of the first spectral 
maximum in the subglottal pressure signals. The order of magnitude of this effect is investigated for 
different glottal settings and with a subglottal system that is modeled according to the impedance 
measurements reported in the literature. The outcomes of this modeling study show that the location 
of the first spectral maximum of the subglottal pressure may deviate appreciably from the natural 
frequency of the subglottal system. As a consequence, however, the comfortable assumption that in 
normal speech the glottal excitation function is constant and zero during the "closed glottis interval" 
has to be called into question. 
Paper with L. Boves which appeared in 1987 in J. Acoust Soc. Am. 81, 734-746. 
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INTRODUCTION 
With stationary flow through a fixed orifice, the flow ({/) is proportional to the 
cross-sectional area (Λ) of the orifice times the square root of the static driving pressure 
difference (P). Using a plaster cast model of the human larynx, van den Berg et al. (1957) 
have determined the proportionality constant for the human glottis, and their results have 
been used ever since in modeling the phonation process. Ranagan (1958) put forward quite 
convincing evidence in support of the assumption that the variations of the cross-sectional 
area of the glottis with time during phonation are sufficiently slow to approximate each glottal 
cycle as a contiguous series of steady states. This assumption allowed for building models of 
the speech production system in which the voice source and the vocal tract Alter are 
essentially independent During the last decade it has become increasingly evident, however, 
that pressure changes are induced by the time-varying glottal flow in the cavities below and 
above the glottis, which are not negligible when compared with the static pressure difference. 
As a consequence, we see that in models which have been developed in the last few years, 
the glottal flow (I/ ) and transglottal pressure (/*,,.) are assumed to be mutually dependent in a 
nonlinear way (Ananthapadmanabha and Fant, 1982; Rothenberg, 1983a; Allen and Strong, 
1985). 
The detailed structure of the pressure variations in the trachea and the pharynx depends 
on the resonance frequencies of the subglottal and supraglottal systems. While the resonance 
characteristics of the vocal tract have been studied in great detail, the corresponding 
characteristics of the subglottal system have hardly been investigated. Moreover, the data that 
are available in the literature (van den Berg, 1960; Ishizaka et al., 1976; Boves, 1984) are 
quite contradictory, especially as far as the frequency of the first subglottal formant is 
concerned. Van den Berg found Fj = 300 Hz, Ishizaka et al. found anF] = 640 Hz, whereas 
Boves arrived at an average value of Fy = 475 Hz. Fant et al. (1972) reported that the results 
obtained from a modeling study support the values found by Ishizaka et al. 
To the extent that the classical linear source-filter model of speech production is 
adequate, the detailed resonance characteristics of the subglottal system are not important. If 
we are to build an interactive voice source, however, the resonances of the subglottal system 
contribute to the shaping of the transglottal pressure, and therewith to the shaping of the 
glottal flow. Thus a better understanding of the acoustic characteristics of the subglottal 
system is needed. 
The measurement procedures used by van den Berg and Ishizaka et al., on the one 
hand, and that used by Boves on the other, are very different. Van den Berg and bhizaka et 
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al., using human and canine cadavers and living laryngectomees, respectively, have 
measured the acoustic input impedance of the subglottal system. Boves, on the other hand, 
based his estimates of the resonance characteristics of the subglottal system on a frequency 
analysis of subglottal pressure signals recoided during normal speech production in four 
healthy adult males. For obvious reasons, the measurements of van den Berg and Ishizaka et 
al. could not be obtained under normal speaking conditions. 
Although the approach of Boves has the advantage of providing data on the behavior of 
the subglottal system during actual speech production, it has the drawback that the 
measurements are not necessarily a direct reflection of the system under measurement The 
maxima in the spectra of the subglottal pressure depend on the spectrum of the excitation as 
well as on the natural frequencies of the subglottal system. This observation motivated a 
replication of the measurements of Boves in a situation where it was possible to study the 
excitation signals as well. 
Glottal flow waveforms obtained by inverse filtering which are published in the 
literature often do not show the ideal flat closed glottis interval. Because there are indications 
that a nonflat closed glottis interval in the glottal flow waveform may be due to incomplete 
closure of the vocal folds (Rothenberg, 1983a,b; Cranen and Boves, 1987), we 
hypothesized that "normal" excitation spectra may deviate so much from the "ideal" spectrum 
with a constant falling slope of ca. -12 dB/oct as to explain the discrepancies between the 
subglottal formant data found by means of impedance measurements and data obtained by 
spectral analysis of subglottal pressure. 
In order to be able to study this idea into more detail, we thought it worthwhile to 
simulate our measurement situation and develop an adapted version of the two-mass model 
(Ishizaka and Flanagan, 1972) of the vocal folds in which it is possible to account for glottal 
leakage in a physiologically interpretable way. By introducing the concept of "effective 
glottal area" it is possible to describe the model in terms of an "effective uniform glottis," so 
that a direct comparison can be made with all source models which were proposed in the past 
and which are based on the van den Berg equation. The model is capable of generating flow 
pulses wich range from waveforms with an ideal, flat, closed glottis interval to excitation 
functions which are nearly sinusoidal. 
By integrating this source model in models of the subglottal and supraglottal system, we 
then investigated to what extent estimates of the subglottal formants obtained from subglottal 
pressure signals may be affected by the flow waveform characteristics when compared with 
the real subglottal resonance parameters. Synthetic subglottal pressure signals are calculated 
for various "glottal settings." LPC analyses of the closed glottis intervals of these synthetic 
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subglottal pressure signals were carried out and the results were compared to data extracted 
from subglottal pressure signals recorded on living subjects during normal speech 
production. 
I. SPECTRAL ANALYSIS OF SUBGLOTTAL PRESSURE SIGNALS 
During the production of voiced sounds an acoustic process takes place in the trachea 
which is analogous to the one in the vocal tract: Each time the glottis closes, the air flow is 
interrupted and this forced change in kinetic energy is transformed into a disturbance of the 
pressure which propagates back and forth in the subglottal system. Each glottal closure thus 
gives rise to a standing wave pattern, the spectral energy of which is concentrated around the 
resonance frequencies of the subglottal system. Therefore, we might try to use subglottal 
pressure signals recorded during normal speech production to estimate the characteristics of 
the subglottal system under normal working conditions. 
We have calculated the spectral energy distribution of subglottal pressure signals which 
were measured on two Dutch subjects during the production of the vowels /a/, /u/ and lil. 
The vowels were taken from nonsense VCV and CVCV utterances. The subglottal pressure 
signals are part of a data base which consists of simultaneous registrations of the speech 
signal, the electroglottogram (EGG), the photoglottogram (PGG), the subglottal pressure at a 
distance of about 2.5 and 7.5 cm below, and the supraglottal pressure at a distance of about 
2.5 and 7.5 cm above the vocal folds (Cranen and Boves, 1985). 
Because the spectra of pressure signals around the glottis fall off with ca. -12 dB/oct 
and because the dynamic range of our recording equipment was restricted to 40 dB, we did 
not try to extract any spectral properties above 2500 Hz. As a matter of fact, the S/N ratio of 
the ac component of the pressure signals from which the resonance parameters have to be 
estimated, was even less than 40 dB, because part of the dynamic range was used up by the 
(low frequency) variations in lung pressure. Due to the relatively low S/N ratio, Fourier 
analysis of the subglottal pressure signals resulted in estimates of resonance frequencies and 
corresponding bandwidths with relatively large spreads. For the same reason covariance 
IPC analyses of the closed glottis intervals of the pressure signals generally resulted in very 
noisy pictures of the frequencies and bandwidths. For instance, the scatter plot of the first 
three subglottal formants and corresponding bandwidths in Fig. 4.1 applies to 727 closed 
glottis intervals, which were all taken from the stationary parts of the /a/ vowels in one VCV 
series [analysis window length = closed glottis interval as derived from the derivative of the 
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FIG. 4.1 : Scatter plot of 727 estimates of 
the first three subglottal formant frequencies 
and bandwidths, obtained by means of ал 
LPC analysis of the closed glottis intervals of 
subglottal pressure signals. 
EGG (cf. Childers and Krishnamurthy, 1985; Cranen and Boves, 198S), predictor order 
M =13, pre-emphasis +12 dB/oct, rectangular window]. 
Because we preferred to incorporate as much information as possible from our data base 
of simultaneous recordings, rather than to extract some examples on which further modeling 
was based, we looked for a method for analyzing subglottal pressure signals that gives 
reliable results and can be applied semi-automatically. Furthermore, having some 
applications in mind where the measured pressure signals may be used as input for a time 
domain model of the glottis, we required that not only the estimates of the spectral parameten 
become more stable, but also that the time domain structure within at least one glottal cycle is 
preserved. A technique which fulfills these requirements is "pitch synchronous averaging" 
and will be described in detail in Sec. Π A. The results of the frequency analysis will be 
presented in Sec. Π В. 
A. Pitch synchronous averaging 
Referring to the experimental conditions described in Cranen and Boves (1985), it can 
safely be assumed that the trachea/lung system is time-invariant during the production of a 
series of VCV or CVCV words. Assuming, furthermore, that within such a series the glottal 
excitation does not change very much, and that the vibrations within a glottal cycle have 
damped out when the new excitation occurs [for subglottal pressure signals this generally 
appears to be true in a first approximation (cf. Fig. 4.2)], one may consider each glottal cycle 
as an independent response to a more or less identical excitation. If we view each glottal 
cycle as an elementary signal segment containing basically the same information, the concept 
•c 
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of ensemble averaging introduces itself as a natural means to reduce the noise. Depending on 
the way in which the ensemble is defined, a larger or smaller interval of the ensemble mean 
can be considered as a valid characterization of the impulse response of the subglottal system 
convolved with the time-invariant part of the flow source. 
FIG. 4.2: Pitch synchronous averaging of 
signal segments which are time aligned in 
such a way that the moments of glottal 
closure coincide. Averaging of the signals is 
done by means of averaging coincident 
samples. 
The practical realization of pitch synchronous averaging is quite straightforward. First, 
the moments of glottal closure and/or opening are detected by means of peak picking in the 
(smoothed) differentiated EGG. Second, segments of the subglottal pressure signals are time 
aligned in such a way that the moments of glottal closure coincide. The time origins of the 
segments are chosen in such a way that the moment of glottal closure, which acts as the 
averaging trigger, is in the middle of the segment. The choice of signal segments that are 
included in an ensemble depends on the time interval within which optimal coherence is 
required. For instance, if one is only interested in the average response in the near 
neigborhood of a moment of closure (e.g., the open interval before or the closed interval 
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after), each glottal cycle can be part of the ensemble. The ensemble mean will then contain 
undistorted information about the average response over an interval which is at least as large 
as the minimum of the corresponding intervals of the individual elements. If, on the other 
hand, we want to know the average system response during a complete glottal cycle, 
coherence of the ensemble elements between two consecutive moments of excitation is 
required. In this case only segments with equal period durations are eligible. Furthermore, if 
the moment of glottal opening is considered to be important, because the damping of the 
system increases considerably at that moment, the open/closed ratio must also be taken into 
account when selecting segments. 
In general, the construction of an ensemble will be a compromise between the number 
of ensemble elements used to reduce the variance on the one hand, and the coherence over a 
sufficiently long time interval on the other. The process of "pitch synchronous averaging" is 
illustrated in Fig. 4.2. 
Here, the selection criterion was to use only those vowel segments of a series of 
/a/-C-/a/ words which had the same period duration (9.S ms), defined as the difference 
between the averaging trigger and the preceding moment of glottal closure. In this specific 
example it was not felt necessary to use the duration of the closed glottis interval as an 
additional selection criterion, because the variation of the open/closed ratio was relatively 
small in the speech material. Moreover, the effect of slight variations in the opening moment 
on the wavefonn and the spectrum of the ensemble mean is much less than the effect of 
different period durations. AU pitch synchronous averages used in the work reported here 
were obtained in the way just described. 
B. Frequency analysis of ensemble means 
We have constructed a set of pitch synchronously averaged subglottal pressure signals. 
Each ensemble average represents one pitch period duration (measured with an accuracy of 
0.1 ms), one vowel, and one speaker. All ensembles were constructed from the signals 
derived from the pressure sensor which was located approximately 2.5 cm below the glottis. 
The ensemble averages have been analyzed in two ways. First, FFT spectra of a single 
complete pitch period were computed. A 1024-point FFT was used and the signal segments, 
after having been differentiated twice (seen through a rectangular window), were padded 
with zeros to fill the records. The spectra were smoothed cepstrally, and from the smoothed 
spectra resonance frequencies were estimated by means of straightforward peak picking. 
93 
Second, a covariance LPC analysis was carried out on the "closed glottis" interval of the 
ensemble means. The closed glottis interval was defined as 40% of a complete glottal cycle, 
since it appeared from an analysis of the differentiated EGG that virtually no single period in 
the raw signals showed a duty cycle of more than 60%. Note that a direct determination of 
the moment of glottal opening is not possible in the ensemble averages, because the duty 
cycle of the elements in the ensemble may vary slightly. A rectangular window was used, 
and the predictor order was M = 11. Resonance frequencies and bandwidths were computed 
by solving the predictor polynomials for its roots. 
Formally, the estimates of the parameters of the subglottal system obtained by our 
procedure represent the impedance of the part of the subglottal system seen from a point 2.5 
cm below the glottis, in parallel with the impedance of the tube segment between the point of 
measurement and the glottis, and terminated by the impedance of the glottis. The effect of the 
upper cavity becomes noticeable at frequencies where a quarter wavelength is shorter than 
2.5 cm, i.e., above 3 kHz. Below this frequency, the resonance frequencies measured by the 
sensor will be almost the same as when looking from the top end of the trachea. Thus, if we 
restrict the interpretation to frequencies below 2.5 kHz because the S/N ratio is only tolerable 
in this band, no compensation is needed for the tube segment between the transducer and the 
glottis. 
1. Results 
The most important results of our analysis are summarized in Figs. 4.3 and 4.4. Both 
figures pertain to the outcomes of the factoring of LPC predictor polynomials. Results of the 
linear FFT frequency analysis are not shown, because they are virtually identical with the 
results of the LPC analysis. This is interesting in so far as this finding shows that the 
inclusion of the open glottis interval in the linear analysis does not lead to estimates of the 
subglottal formant frequencies that differ from an estimate based on a nonlinear analysis of 
the closed glottis interval only. 
The scatter plot in Fig. 4.3 is based on the analysis of 110 ensemble means, all 
pertaining to /a/- vowels produced by one speaker in a series of VCV and a series of CVCV 
words. A comparison of Figs. 4.1 and 4.3 shows that the pitch synchronous averaging 
effects a considerable reduction in the variance of the resonance frequencies. Similar results 
have been obtained for the vowels /u, i/ of this speaker and for the vowels /a, u, i/ of the 
second speaker. Therefore, it can be concluded that pitch synchronous averaging reduces the 
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noise in the signals to such an extent that stable estimates of the resonance frequencies can be 
obtained from the subglottal pressure signals. The overall estimates of the resonance 
frequencies, averaged over all ensemble means (thus including the vowels /a, u, i/ and both 
speakers), are 510 Hz for the first, 1355 Hz for the second, and 2290 Hz for the third 
resonance. The corresponding standard deviations are 26,61, and 200 Hz 
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FIG. 4.3: Scatter plot of 110 estimates of 
the tint three subglottal farmant frequencies 
and bandwidtbs, obtained by means of an 
LPC analysis of the closed glottis interval of 
subglottal pressure ensemble means. 
Figure 4.4 shows the dependence of the estimates of the resonance frequencies on the 
factors "series of words," "vowel," and "speaker." The points within the columns represent 
different ensemble means (i.e., fundamental frequencies). It can be seen that for the first two 
resonances the variance within the material is fairly small. There is a slight, but consistent, 
effect of the vowel on the frequency of the lowest resonance. The values that are found for 
the /u/ and lil vowels are almost equal, but they are ca. 20 Hz higher than the results for the 
vowel /a/. 
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FIG. 4.4: Plot of the frequencies of the first 
three subglottal formants as a function of 
speaker and vowel. Speakers are LB and ВС. 
Vowels are /a/, /u/, and lil. 
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The positive effect of the pitch synchronous averaging is also quite apparent for the 
estimates of the bandwidths. It must be realized, however, that the bandwidth estimates 
obtained from a factoring of LPC predictor polynomials bear no direct relation to the 
damping characteristics of the system under analysis. Such a relation only exists if the 
system is allpole, the excitation is completely white, and the order of the predictor is identical 
to the number of poles in the system's transfer function. It is unlikely that these requirements 
are all met in our situation: The subglottal pressure signals contain spectral zeros (Fant et al., 
1972) and the excitation function is not necessarily falling smoothly with -12 dB/octave. 
Neither do we know the exact order of the combined system and excitation. Therefore, the 
estimates of the bandwidths can only be interpreted in relative terms. Even then considerable 
caution should be exercised. From Fig. 4.3 it appears that the Q factor of the second 
resonance is considerably larger than the Q factors found for the first and third resonance. 
The same finding applies to the overall averages, which are ß ; = 4.9, ßj = 8.8, and 
Q3 = 6.4. 
2. Discussion 
The results of our spectral analysis of subglottal pressure signals confirm the results 
previously found by Boves (1984). They deviate from the results obtained by van den Berg 
and by Ishizaka et al., especially with respect to the frequency of the first resonance. As far 
as the frequencies of the higher resonances are concerned, our results are very similar to 
those of Ishizaka et al., who found F2 = 1400 Hz, and F3 = 2100 Hz. If it were not for the 
very large discrepancy in the estimates of the first resonance (640 Hz compared with 510 Hz, 
which is much too large a difference to be expained by differences in anatomy of the 
subjects), our results could be said to corroborate the model of the subglottal system 
proposed by Ishizaka et al. Our measurements in no way support the model proposed by 
van den Berg. 
Turning to the Q factors, we observe that our Qj = 4.9 is about twice as large as that of 
Ishizaka et al., who found a value of about Qj - 3, while our Q2 = 8.8 compares fairly well 
with their ß 2 = 8. For the third resonance their as well as our data contain a very large 
variance, so that any comparison (our Q3 = 6.4; their Q3 - 10) seems almost meaningless. If 
anything, our data do not support the linear relation between resonance frequency and 
Q factor suggested by Ishizaka et al. 
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We are not in a position to supply numerical data on the value of the input impedance of 
the subglottal system at the resonance frequencies. Also for the spectral amplitudes of the 
resonances, as obtained by means of FFT analysis of the subglottal pressure signals, we can 
only provide relative results. These differ from those of Ishizaka et al. in that the amplitude 
of the second resonance in our data seems to be lower than the amplitude of the first one, 
whereas in their results the amplitude of the second resonance exceeds the fust one. Because 
we are looking at the combined characteristics of the subglottal system and the excitation the 
discrepancy in the results, with respect to the amplitudes of the resonances, might be due to 
the underestimation of the spectral slope of the excitation which we assumed to be a constant 
-12dB/oct 
Spectral slope alone, however, does not provide an explanation for the large 
discrepancies with respect to the frequency of the first resonance. Nor can it explain the 
slight, but consistent differences in the frequency of the first resonance as a function of the 
shape of the supraglottal cavity. Because van den Berg and Ishizaka et al. conducted their 
measurements in a situation in which the vocal tract could not influence the results, there is 
no independent material to compare with our findings. For the time being, we expect that the 
explanation for the vowel dependence of the frequency of the fint resonance will be closely 
related to the explanation of the discrepancies between our results for the average value of F1 
and the values previously reported. 
As yet, there are two possible alternative explanations why our measurement procedure 
should lead to differences with respect to the frequency of the lowest subglottal resonance. 
The first is to assume that the subglottal system of westerners during normal speech 
production has different characteristics than the subglottal system of Japanese 
laryngectomees with their lungs fully inflated. The validity of this assumption is extremely 
difficult to assess. The second alternative is based on the contention that the spectrum of the 
excitation is by no means smooth, but rather exhibits a pattern of slope changes that is 
responsible for a considerable change in the frequency and bandwidth of the first spectral 
maximum in the subglottal pressure signals, compared with the natural frequency of the 
system. We will pursue the latter possibility in the next part of this paper. 
Π. PARAMETRIC GLOTTAL AREA DESCRIPTION 
Various researchers have tried to develop parametrical models which describe the 
variations of the glottal geometry with time. These models vary in complexity in that some 
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describe only the projected glottal area (Fant, 1979), while others also try to incorporate the 
variations in the direction of the flow, so that contact area (EGG) and projected glottal area 
(PGG) can be simulated simultaneously (Titze, 1984; Childers et al., 1987). Up to now, 
however, little attention has been payed to the question of how to use these parametrical 
descriptions for specifying the acoustical impedance of the glottis. All glottal flow source 
models which have been proposed in the past are based on one and the same equation which 
describes the relation between glottal flow, glottal area, and transglottal pressure. This 
equation, which cannot account for any details of the glottis geometry, is the empirical 
formula presented by van den Berg et al. (1957): 
UJO^AJO.QPJkp)112, (4.1) 
with: ρ the mass density of the air, 
к the kinetic resistance factor - 0.875. 
In some studies a different numerical value is chosen for the constant к and sometimes 
the viscous resistance and/or the inertance of the glottal air plug are incorporated, but these 
refinements are of secondary importance. In this paper we will assume that the acoustic 
impedance of the glottis can be described sufficiently accurately by means of the kinetic 
resistance term [i.e., Eq. (4.1)] only. We feel that the most important question which has to 
be answered before adding refinements to Eq. (4.1) is how to determine, or perhaps better, 
how to define "the" glottal area A . 
It is very tempting to try to obtain a parametric description of the projected glottal area as 
it can be obtained by ultra-high-speed filming or photoglottographic registrations (Childers 
and Krishnamurthy, 1985). There is some doubt, however, with respect to the adequacy of 
the projected glottal area as the choice for A in the van den Berg equation. In most work on 
models of the voice source, effective area functions An) are used that are less triangular than 
the area waveforms obtained from direct measurements of projected glottal area (Fant, 1979; 
Ananthapadmanabha and Fant, 1982; Allen and Strong, 1985). 
If the glottis can be approximated by a uniform rectangular duct, it seems quite 
reasonable to choose the "effective glottal area" as the projected glottal area, which then is 
identical to "the" cross-sectional area. However, when the cross-sectional area of the glottis 
changes in the direction of the flow, it is no longer an arbitrary decision how to choose the 
effective area. We will illustrate this by means of a two-section rectangular duct as it is used 
in the two-mass model. 
Neglecting viscous losses and the inertia of the glottal air plug, the acoustic impedance 
of a glottis which consists of two sections with cross-sectional areas A . and A -, 
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respectively, can be described by the following formula (cf. Ishizaka and Flanagan, 1972): 
{ A 2 A 2 ì 1/2 ; ! L - Γ Γ· (4·2> 
0.37¿g22 + [1 - TAJAft - М 
Неге, Л; is the cross-sectional area of the pharynx. By substituting 
Í ^ofbJ λ 1/2 
Ag(t) =(1.37)>« ^ — ! ? , 
* 10.37/lg2
2
 + [1 - 2A i2My( 1 - Αβ2Μ;)]-4β72 J 
(4.3) 
we obtain an "effective glottal area." The normalization factor (1.37)1/2 ensures that if А
 у 
and A 2 have identical amplitude and phase, the effective area approximately equals "the" 
area of the uniform one-section glottis. Eq. (4.2) then transforms to 
Ug(t) = Ag(t).(2Ptr/l.37pY'2. (4.4) 
Apart from a scaling factor, Eq. (4.4) is identical to Eq. (4.1). This result shows that, if one 
wants to keep the mathematical simplicity of the one-duct terminology while at the same time 
taking profit of the greater explanatory power of the two-duct model, the projected glottal 
area is not a clever choice for the "effective area" to be used in Eq. (4.1). As the phase lag 
between the masses increases, the projected glottal area becomes a less adequate estimate of 
the effective area (Cranen and Boves, 1985). Furthermore, this result suggests that 
parameterization of the effective glottal area is best done indirectly by means of 
parameterization of A . and A
 2. 
A- Accounting for glottal leakage in the two-mass model 
Breathy voices are characterized by a an imperfect closure of the glottis. As was pointed 
out by Rothenberg (1983a) the highly reduced glottal resistance in combination with the 
inductive load may cause the corners of the flow pulses at glottal closure and opening to 
become more rounded, so that the closed glottis interval is no longer flat in breathy voices. 
Flow waveforms with closed glottis intervals that were not completely flat, were also 
reported by Holmes (1976) in an analysis of normal voicing. In his carefully conducted 
inverse Altering study the nonzero flow in the closed glottis interval cannot be "explained 
away" as a measurement artefact Rather, Holmes searches for ways to motivate the presence 
of additional excitation of the vocal tract during the closed glottis interval in the form of 
vertical movements of the vocal folds and the effect of phase difference between the lower 
99 
and upper margins of the folds. Also, he showed that relatively small flow amplitudes can 
cause significant acoustic effects. As will become clear in the following an alternative 
explanation could be found in glottal leakage. 
Recently, more and more evidence has become available to support the contention that 
in normal phonation the glottis very often does not close completely (Schutte, 1985; 
Holmberg, 1986). Holmberg analyzed flow data, obtained with a Rothenberg mask, of 13 
males under normal intensity and phonation conditions. She found an average ratio between 
the minimum flow (roughly corresponding to the flow in the "closed glottis interval") and the 
peak-to-peak amplitude of the ac flow of 0.38, which suggests the presence of an appreciable 
leak. If glottal leakage must indeed be considered as an attribute of a normal voice, as we 
feel it must, then it becomes important to investigate to what extent the glottal flow waveform 
may be affected by such a glottal leak and if this effect can explain the discrepancies between 
our subglottal formant measurements and data from the literature. 
As a starting point for such a study we have taken the two-mass model of the vocal 
folds (khizaka and Flanagan, 1972) because this model is capable of simulating most of the 
gross properties of the folds and can also be interpreted in physiological terms to a certain 
extent In order to be able to account for glottal leakage we introduced a new parameter that 
describes the cross-sectional area of a fixed bypass which is connected directly to the glottal 
slit (see Fig. 4.5). 
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FIG. 4.5: Two-mass model of the vocal folds with a fixed bypass to simulate glottal leakage. The 
bypass with cross-sectional area A0 is in open connection with the time-varying glottal slit. 
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Before deriving an expression for the acoustic impedance of a configuration like the one 
in Fig. 4.5, let us recall how Eq. (4.2), which describes the acoustic impedance of a leakless 
glottis, has come about 
In the derivation of Eq. (4.2) the transglottal pressure difference is thought to consist of 
three components: The pressure loss due to the flow contraction at the glottal inlet, the 
pressure change due to the area change within the glottis, and the pressure recovery due to 
the expansion in the pharynx. 
The pressure loss due to the contraction at the glottal inlet was determined empirically 
by van den Berg et al. (1957) for a steady dc flow and is also used for pulsating flow. It 
amounts to: 
*P contraen* = \.yi.ipnUUJAatY. (4.5a) 
The second term, describing the pressure change at the boundary of the fust and second 
mass pair, can be predicted by applying the law of energy conservation, provided that the 
sudden widening of the glottal duct does not give rise to flow separation. By assuming that 
in reality the geometry changes within the glottis are smooth enough to prevent this and by 
assuming that the glottal duct is not tapering so much that contraction and or expansion 
losses have to be accounted for, it can be estimated as: 
¿ ' W t e * = <p/2)[(£7>if2>4iyv2i· <4-5b> 
Finally, the pressure recovery at the glottal exit has to be estimated. Obviously, the 
assumption of energy conservation cannot be used, because the change in cross-sectional 
area (from A - at the glottal outlet to Aj in the pharynx) is much too abrupt for the flow to 
remain attached to the tube wall. Consequently, flow energy will be lost due to turbulence, 
but momentum will be preserved. By assuming that momentum is the same at the glottal 
outlet and at a distance where the flow has reattached to the pharyngeal wall, the third term 
can be estimated as: 
ΑΡνφακίοη^ -VAJWl-AJbWW/JAf?. (4.5c) 
Addition of the three terms described by the Eqs. (4.5) yields Eq. (4.2). Note that in 
general the pharyngeal area Aj will be an order of magnitude larger than A -, so that the term 
described by Eq. (4.5c) can be neglected in a first-order approximation. 
In order to predict the aerodynamic behavior of a glottis model with a leak opening like 
in Fig. 4.5, one has to decide what must be substituted for the Α.} and A 2 terms in Eqs. 
(4.5a)-(4.5c). This is not self-evident, for it is not clear beforehand whether the changed 
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geometry might give rise to extra pressure losses due to flow separation within the glottis. 
During a glottal cycle four different situations can be discerned. We will consider each 
situation separately. 
(a) The first situation is where both the upper and lower masses are in contact In that case 
the glottis consists of a duct with constant cross-sectional area (A¿). No flow separation 
will occur within the glottis so that in all Eqs. (4.S) A . and Ag2 can be substituted by 
the leak opening. 
(b) The next situation is when the glottis begins to open. The lower parts of the folds begin 
to separate, whereas the upper masses are still in contact. There is no reason to assume 
that the air will not flow into the cavity created by the separating movement of the lower 
parts of the vocal folds. Thus, it seems reasonable to assume that during this phase A . 
can be taken as the sum of the leak opening and the area between the lower masses. 
Here, A
 2 remains equal to the area of the leak opening. 
(c) During the next stage the vocal folds will be entirely separated. There is no reason to 
assume that the flow will separate within the glottis: The air will simply fill up all 
available space and due to relatively smooth boundaries the pressure changes within the 
glottis can be assumed to be lossless. In all Eqs. (4.5) Ag] can be substituted by the 
sum of the leak opening and the area between the lower masses, and A
 2 by the sum of 
the leak opening and the area between the upper masses. 
(d) The situation becomes different, though, when the glottis begins to close and the lower 
masses are in contact, whereas the upper masses are still separated. Since the lower 
masses are in contact, A
 ; clearly equals the leak opening A0. It is not completely 
obvious, however, how A - should be determined. In a model composed of rectangular 
ducts the flow is likely to form a jet in the leak opening that will not make use of the 
cavity between the upper margins of the folds. In that case the effective area of A
 2 
equals the leak area, and the situation cannot be distinguished from the situation where 
the upper masses are in contact If, however, the area changes are less abrupt, both in 
the vertical and the lateral directions, part of the flow will probably expand into the 
opening between the upper masses. Since in practice the opening and closing of the 
folds occurs in a zipperlike fashion, the glottal slit will in general have a more or less 
triangular shape. In that case it is conceivable that part of the flow does expand into the 
opening between the upper masses. In the extreme case that the flow would remain 
competely attached to the walls of the folds, also in the upper part of the glottis, the 
effective area of Ag2 would equal the sum of the leak area and the area between the 
upper masses. 
102 
In all our calculations we have assumed that the flow uses all the space remaining 
between the upper masses while the lower masses are in contact Although this is probably 
an exagération of the actual situation, we feel that this procedure is warranted, in that it 
allows us to show the effects of a glottal leak in combination with vertical phasing as clearly 
as possible. 
B. Simulation of a leaky glottis 
If, for simplicity, we assume that the masses of the model move sinusoidally as long as 
they have not collided, we obtain A . and A
 2 waveforms like in Fig. 4.6(a). The level of 
the baseline represents the cross-sectional area of the leak opening. The resulting effective 
area A , which has been calculated according to Eq. (4.3), is shown as the shaded area in 
Fig. 4.6(b). Note how completely different this waveform is from the projected glottal area 
[shaded region in Fig. 4.6(a)]. 
A number of things should be noted with repect to Fig. 4.6. First, the amplitude of A 
decreases as the phase shift between Ag¡ and A - increases. Second, due to the fact that there 
is a leak opening, movements of the lower parts of the folds can be seen in the effective 
glottal area A even if the upper parts of the folds are in contact The same holds for the 
upper parts when the lower parts are pressed together. As a result, A is not flat in the 
interval which traditionally is called the closed glottis interval. 
FIG. 4.6: (a) If upper and lower parts of the 
vocal folds move out of phase, the projected 
glottal area (shaded region in the upper panel) 
becomes constant as soon as one of the pain 
of masses are in contact (b) When a glottal 
leak is present, the "effective glottal area" 
(shaded region in the lower panel) is only 
constant when the time-varying paît paît of 
the glottis is constant The effective glottal 
area depends on whether the air flowing 
through the leak opening expands into the 
upper part of the membraneous glottis when 
the lower part is closed (solid line) or not 
(dashed line). 
time -> 
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The fact that the effective glottal area is not constant during the closed glottis interval as 
opposed to the projected glottal area, clearly shows that a physical interpretation of A as a 
cross-sectional area somewhere at a fixed location in the geometrical structure of the glottis is 
impossible. It must be looked at as the time dependent, but uniform cross-sectional area that 
would be required for a one-section glottis to simulate the acoustic impedance of a 
two-section glottis of which the upper and lower parts move out of phase. 
As can be seen from Fig. 4.6(b) the deviation from the baseline during the interval that 
the projected glottal area is constant, is largest on the falling slope. This is caused by the fact 
that A j and A
 2 are weighted differently in Eq. (4.3) (weighting coefficients 0.37 and ca. 
1.0). In calculating the effective glottal area in Fig. 4.6(b) it was assumed that the flow 
within the glottis remains attached to the vocal folds over their entire depth, even when the 
lower masses have collided. In practical situations it is very unlikely that this is completely 
true, so it is interesting to see what the effect is when only part of the flow expands into the 
space between the upper masses during the interval that the lower masses are pressed 
together. If the flow does not use the space between the upper masses at all, the situation is 
identical to one in which the upper masses would be closed completely. It is easy to see that 
in this case the effective glottal area waveform becomes like the one which is indicated by the 
dashed line. The falling slope of the pulse no longer shows the extra hump. 
In reality, we will probably find an intermediate situation: Only part of the flow will 
separate so that in general the effective glottal areas will assume intermediate values. This 
means that the rounding of the effective glottal area due to opening and closing becomes 
more symmetrical. This would make the glottal flow pulse forms also more corresponding to 
those which are found in practice, where the falling slope is generally much less rounded 
than the rising slope. Note that there are more mechanisms which may cause a deviation from 
the baseline in the interval in which the projected glottal area is constant First, the air 
remaining between the upper parts of the folds when the lower parts have already closed still 
has to flow into the vocal tract, and second, there is also a longitudinal motion of the folds 
(Flanagan and Ishizaka, 1978). The relative importance of all these effects clearly needs 
further investigation. 
C. Effective glottal area as a function of leak area and vertical phasing 
It is very instructive to see how the waveforms of the effective area change when both 
the leak area and the phase delay between A. and Ag2 are varied systematically. The fact, 
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however, that the amplitude of the ac component of the effective glottal area is affected by the 
degree of vertical phasing, obscures a clear sight of the effects of these parameters on the 
waveforms, per se. In order to eliminate this amplitude effect we have scaled the A . and 
A 2 waveforms in such a way that the resulting ac components of the A waveforms had 
equal peak to peak values for each leak/vertical phasing combination (i.e., 20 mm2). In 
calculating the A waveforms we assumed unseparated flow in the upper part of the glottis 
during the interval that the lower part is closed. 
In Fig. 4.7 the A waveforms are shown for 24 parameter combinations, i.e., six leak 
areas (0, 1, 2, 4, and 8 mm2) times four different phase delays (18°, 36°, 54°, and 72°, 
which is equal to 5%, 10%, 15%, and 20%, repectively, of the glottal cycle duration, which 
was taken 10 ms). The duty cycle of the projected glottal area was kept fixed at 50%. 
The parametric descriptions of A . and A - used in constructing this figure, are very 
simple: 
Ag,(t) = max { Ap A0 + À[c + cos(2w/ro)]}, (4.6) 
Ag2(t) = max { Ac A0 + Â[c + cos(2;rr/r0+<p)]}. 
with A0 cross-sectional area of the leak opening, 
с constant between -1 and +1 to shift the baseline of the cosine term, 
A amplitude factor [A
max
 in Fig. 4.6 is A^+il+c)/! ], 
T0 glottal cycle duration, 
φ vertical phase difference « phase difference between A. and Aj • 
In this study we did not allow A . and A^ to assume different amplitudes. Nor did we 
account for the fact that glottal opening generally proceeds much more smoothly than glottal 
closure. Although it would be relatively simple to incorporate these effects, we have omitted 
them here, because we think that such refinements would obscure more than they would 
clarify. Considering the fust row of Fig. 4.7, corresponding to zero leakage, we see that the 
waveforms of A are nearly the same for all four phase shifts. If one took a closer look, one 
would be able to see the effect which in Cranen and Boves (1985) was called load 
independent pulse skewing. Because this effect is small when compared with those which 
can be observed in the rest of the figure, we will neglect it for the moment 
Looking at the other rows, corresponding to nonzero leak openings, we see that vertical 
phasing becomes visible in a much more dramatic way. The effect becomes stronger as the 
leak opening increases. The interval which normally is called the closed glottis interval 
remains flat when no vertical phasing occurs, while in those situations where vertical phasing 
is substantial the same extra A components can be seen as were already shown in Fig. 4.6. 
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In those cases where a fair amount of vertical phasing is present together with a relatively 
large leak opening, the effective glottal area becomes almost sinusoidal. 
Ü 
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FIG. 4.7: Effective glottal area waveforms as a function of venical phase difference and of 
cross-sectional area of the leak opening. The glottal cycle duration is T0 - 10 ms. The duty cycle 
(defined by the projected glottal area) is 50%. From left to right, the vertical phase difference is 18°, 
36°, 54°, and 72°. From top to bottom the cross-sectional areas of the leak opening are 0,1, 2, 4, 8, 
and 16 mm2. The peak-to-pêak amplitude of the ac part of the effective area is normalized at 20 mm* 
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Ш. SUBGLOTTAL FORMANTS IN DEPENDENCY OF GLOTTAL 
FLOW WAVEFORMS 
In this section we investigate to what extent the estimates of the subglottal resonances as 
obtained from spectral analysis of subglottal pressure signals are affected by the glottal flow 
waveforms. We will do this by means of a model of the speech apparatus. The voice source 
is the one described in Sec. П. Since under realistic load conditions the effective glottal area 
alone is not an adequate descriptor of the glottal flow, the model should account for 
source/load interaction. As we feel that the most comprehensive study on source/vocal tract 
interaction is that of Ananthapadmanabha and Fant (1982), we will use the same model as 
they did (henceforward A&F model) in order to facilitate comparison of results. 
The outlines of this section are as follows. First we will recapitulate the properties of the 
original A&F model. Next we will show how our two-mass plus leak model of the vocal 
folds can be integrated in the A&F model. It appears that the effective glottal area in our 
model is congruent with the short-circuit flow (U
sc
) in the A&F model. Finally, the 
subglottal pressure signals generated by the model are analyzed. The location of the spectral 
maxima in the synthetic pressure signals is compared with the actual system parameters of 
the subglottal part of the model and with the frequency (and bandwidths) of the spectral 
maxima found in natural subglottal pressure signals. 
A. The A&F model 
In the A&F model model, it is assumed that Eq. (4.1) gives a valid description of the 
acoustic impedance of the glottis, and that the subglottal system and the vocal tract can be 
represented by a lumped parameter system. Both the subglottal and the supraglottal loads are 
represented by a cascade of parallel RLC circuits [see Fig. 4.8(a)]. By applying Thevenin's 
theorem it is possible to think in terms of a flow source instead of a transglottal pressure 
source [cf. Fig. 4.8(b)]. 
An elegant property of the A&F model is that it allows for decomposing the real glottal 
flow (U) into two components. The first component consists of the flow generated by the 
hypothetical flow source (i/^,) [see Fig. 4.8(b)]; this component is only dependent on the 
glottal geometry: 
V* = Ag Μ
ρ
ι*4-ρ*ο*№Ϋα (4-7) 
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Because the de driving pressure (Ρ'
ύιη
.·Ρ'тошО '
s a
 constant, U^ may be considered as the 
load independent part of U . The second component, the flow through the internal impedance 
(Z ), accounts for all source/load interaction effects. 
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FIG. 4.8: Equivalent circuit of the speech apparatus (only valid if the glottis is not completely 
closed), (a) Each subglottal and supraglottal formant is represented by a separate RLC circuit The static 
driving pressure is the difference between the average lung and mouth pressure, (b) By applying 
Thevenin's theorem a load independent current source U^ft) can be defined with an internal impedance 
which is equal to the time-varying glottal impedance. 
A&F defined two different short-circuit flow sources which can be described 
analytically and which were considered to be representative for real life situations. With these 
i/iC waveforms, they showed that the real glottal flow (I/ ) looks basically the same as the 
no-load flow, but differs from it in the sense that the pulses are skewed to the right. 
Moreover, upon the smooth, skewed waveform a relatively small ripple component is 
superimposed. In describing the origin of this ripple, A&F discerned direct formant 
interaction and carry over from a previous glottal cycle. In the frequency domain the 
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steepening of the back slope of the glottal flow pulse can be recognized as a rise in the 
asymptotic level on the order of 3 dB, and the spectral notches in υ
χ
 are reduced due to the 
fact that U is less symmetrical than A . Finally, a pole/zero pair in the neighborhood of the 
fust formant is introduced into U , due to formant interaction. 
B. Glottal flow in a two-mass model with a leak 
From Eq. (4.7) it can be immediately seen that the effective glottal area A and the 
short-circuit flow are congruent Thus the integration of our adapted two-mass model into the 
A&F model is straightforward. AH we have to do is to replace the formulas A&F used to 
compute A (t) by the effective glottal area described by Eq. (4.3). 
The congruence of A and U
sc
 allows us to view the effective area waveforms in 
Fig. 4.7 as glottal flow pulses in a no-load condition. It is clear, then, that the combined 
effects of the presence of a glottal leak and a phase difference between the lower and upper 
parts of the vocal folds show up in two ways in the short-circuit flow U^.. 
First, they effectively reduce the minimum value of the time derivative which is reached 
when the lower part of the glottis closes. In the spectrum of U^ (see Fig. 4.9 where the solid 
lines represent rough 1024-point FFT spectra of a single period, while the dashed lines 
represent cepstrally smoothed venions) this is reflected by a decrease of the energy at high 
frequencies. Second, they allow the interval during which the flow decreases from its 
maximum to its minimum value to be divided into two essentially different epochs. During 
the first interval the flow decreases relatively rapidly. After the moment Ag¡ has reached its 
minimum, the decrease becomes much slower. Depending on the leak area,the lagging 
movement of the upper part of the vocal folds has a more or less significant contribution to 
the total volume of air displaced. In the flow spectrum a number of zeros appear due to this 
flow component in the second epoch. Already at very small openings the zeros become 
apparent The distance between the zeros appears to be roughly inversely proportional to the 
time shift between A ¡ and A -• 
The basic waveform of the real glottal flow U is a skewed version of the short-circuit 
flow υ
χ
 while also a small ripple is superimposed. In addition, a smoothing effect can be 
observed, which is due to source/load interaction. This is actually the same low-pass effect 
as described by Rothenberg (1983a) which is caused by the fact that the load behaves mainly 
as an inductance, while the glottal impedance is mainly resistive. As a consequence the 
derivative of the real flow generally will change more gradually than the derivative of the 
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frequency (500 Hz/dìu) 
FIG. 4.9: Unsmoothed (solid lines) and cepstrally smoothed (dashed lines) 1024-point ITT spectra of 
the effective glottal areas of Fig. 4.7. Whith nonzero leak openings zeros are introduced. The distance 
between the zeros is roughly inversely proportional to the vertical phase difference. For the values of 
the parameters, vertical phase difference, and cross-sectional area of leak openings cf. Fig. 4.7. 
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short-circuit flow. Within this context it is also interesting to note that whereas Rothenberg 
(1983b) contributed all rounding of the comers of the glottal flow pulses in breathy voice to 
source/load interaction, our model suggests that the almost sinusoidal pulse forms with 
abducted folds are to a large extent a direct consequence of the way in which the glottal 
geometiy changes with time.This emphasizes the need fen- a goodundeistanding of the way in 
which A in Eq. (4.1) must be interpreted in the case of a time-varying nonuniform glottis. 
In the frequency domain, roughly the same effects are present in the real glottal flow as 
in the short-circuit flow, although several interaction effects are superposed: The presence of 
a leak gives rise to a decrease in the asymptotic level and, in combination with vertical 
phasing, to a number of zeros. The leak may thus, in part, cancel the increase of the 
asymptotic level due to inertive loading. Furthermore, it appean, as might be expected, that 
when the leak opening increases, source/load interaction becomes more significant 
С Subglottal pressure in the model 
Subglottal pressure can be considered to be the convolution of the real glottal flow and 
the impulse response of the subglottal system. Because, as we have seen, the spectra of 
realistic glottal flow waveforms may be far from being smoothly falling, it is worthwhile to 
investigate the effects of these kind of excitation signals on the spectra of the subglottal 
pressure in the model. To that end we have analyzed the subglottal pressure signals from the 
model (see Fig. 4.10) in the same way as the natural signals in Sec. I. The subglottal load 
was configured to correspond to the measurement data of Ishizaka et al. and the supraglottal 
load was configured to simulate an /a/ vowel. The exact values of the components of the 
loads are given in Table I. 
We earned out an LPC analysis (covariance method, analysis window equal to the 
duration of the "closed glottis interval" as defined in Fig. 4.6, predictor order M = 11, 
rectangular window) and estimated the subglottal formants and corresponding bandwidths by 
solving the predictor polynomial. The results are shown in Table П. It appears that the first 
spectral maximum shifts downward very consistently in comparison with the natural 
frequency of the subglottal system when the leak opening increases. An exception can be 
observed at larger leak openings when the vertical phase difference is 54°. The frequency of 
the first spectral maximum also appears to be dependent on the degree of vertical phasing. 
The degree to which the bandwidth is affected is very dependent on both the cross-sectional 
area of the leak opening and vertical phase difference. 
I l l 
The spread in the frequency and bandwidth estimates of the first spectral maximum of 
the subglottal pressure in the model must be due to the spectrum of the real glottal flow. As 
has been noted earlier, the spectra of the real flow show a low-pass characteristic. The cutoff 
frequency is dependent on the vertical phase difference, but is generally somewhere in the 
neigborhood of 500 Hz. It seems that the zero which causes this low-pass effect is enhanced 
more for some values of the vertical phase difference than for others. 
TABLE I. 
Input impedance of subglottal and supraglottal load 
Subglottal Supraglottal /a/ 
Resonance freq. (Hz) 615 13SS 2110 659 1060 2418 
Bandwidth (Hz) 246 155 140 32 31 56 
Inductance (mH) 3.80 0.72 0.27 6.14 1.80 0.12 
An interesting physical explanation can be given for this phenomenon. To this end the 
waveforms of the subglottal pressure in Fig. 4.10 should be observed in combination with 
the flow waveforms in Fig. 4.7. When a leak opening is present, the closing gesture of the 
upper margins of the vocal folds gives rise to an extra small flow pulse (see Fig. 4.7). This 
pulse causes a second (weaker) excitation of the subglottal and supraglottal system during the 
"closed glottis interval." Depending on the time delay between A ¡ and A
 2, the second 
excitation will induce pressure variations which are more or less in phase or in antiphase with 
those which were induced by the main excitation. In other words, it depends on both the 
resonance frequency and the degree of vertical phasing when the interference of main and 
second excitation is maximal. In fact this is the same sort of effect as the superposition ripple 
due to carry over from previous glottal cycles. In the second column of Fig. 4.10 this 
interference is especially apparent: A nearly complete extinction occurs. This can be 
understood by recalling that the time delay between A . and Ag2 in the second column is 
1 ms which would give a maximum interference for frequencies around 500 Hz. In this 
respect it would also be interesting to investigate whether the often observed minimum at 
about 800 Hz in male voice spectra (Fant et al., 1972) is due to vertical phasing. 
Table Π shows clearly that a large spread in the numerical values can be found in the 
subglottal formant parameters due to leak opening and vertical phasing. It is interesting, 
however, to see that already for relatively small leak openings the first spectral peak has a 
frequency which is of the same order of magnitude as observed with our subjects (cf. Seal). 
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FIG. 4.10: Subglottal pressure signals which were calculated by the model in Fig. 4.8, assuming the 
same effective glottal areas as in Fig. 4.7. For the values of the parameters, vertical phase difference, 
and cross-sectional area of the leak opening cf. Fig. 4.7. 
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TABLE П. 
Subglottal formants and bandwidths as a function of vertical phase difference (VP) and cross-sectional 
area of the leak opening (Ag). The values were obtained by means of an LPC analysis of the "closed 
glottis interval" of the subglottal pressure signals (see text). The glottal cycle was T0= 10 ms. 
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Also, it is noteworthy, that various other characteristics of the signals pnxiuced by our model 
suggest that a glottal leak should be incorporated. One such characteristic is the peak-to-peak 
value of the subglottal pressure. As illustrated by Fig. 4.10 the peak-to-peak amplitude of the 
subglottal pressure signals generated by the model decreases when the leak opening is 
increased. This is caused by the fact that the bandwidths of the spectral peaks increase when 
the glottal termination impedance decreases. The values found with small leak openings are 
in better agreement with real measurements than those obtained without any leakage. Note 
that what is true for subglottal signals, also holds for supraglottal signals and that introducing 
a small glottal leak would give an alternative solution for the problem that models of the vocal 
tract which use the theoretical formulas for the viscous resistance of cylindrical tubes 
systematically yield too small Q factors (e.g., Ishizaka and Flanagan, 1972). All these 
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observations seem to point into the same direction, viz., that it seems reasonable to assume a 
leak opening at the glottis in normal phonation which is of the order of O.S-4 mm2. Such an 
order of magnitude would also coiroborate the data of Holmberg referred to earlier. 
IV. SUMMARY AND CONCLUSIONS 
In this paper we described how subglottal pressure signals recorded during speech 
production were analyzed, to (»der to improve the reliability of the estimates of the resonance 
parameters, a signal enhancement technique was developed based on the concept of ensemble 
averaging (pitch synchronous averaging). The output of the averaging procedure can be 
interpreted both in the time domain and the frequency domain. Thus, the resulting signals are 
applicable in studies where spectral measurements and time domain models have to be 
combined. The first three spectral peaks in the subglottal spectra were found to be located at 
510, 1355, and 2290 Hz. Moreover, a vowel dependence was established in the location of 
the first spectral peak, which could not be explained by means of classical theories. In order 
to check the hypothesis that the spectral properties of the glottal flow might have been 
responsible for the discrepancies between our measurement data and those of Ishizaka et al., 
we have carried out a modeling study with an existing interactive voice source model 
(Ananthapadmanabha and Fant, 1982), but with a different parameterization of the glottal 
area. 
Using the two-mass model of the vocal folds as a basis, we proposed a modification in 
the modeling of the glottal slit, consisting of the introduction of a leak opening. The leak was 
modeled as a fixed bypass, directly coupled to the time-varying glottal slit The notion 
"effective glottal area" was introduced as a means by which a multi-section glottis can be 
described as if it were a uniform, one-section glottis. It was pointed out that this effective 
area should not be seen as a cross-sectional area which can be interpreted physiologically, 
but rather as a way to describe the no-load volume flow. The effective glottal area, which can 
be described most elegantly by parameterizing the cross-sectional areas of the lower and 
upper parts of the glottis, appeared to be very dependent on the cross-sectional area of the 
leak opening and on the degree of vertical phasing. In the time domain certain combinations 
of these parameters appeared to lead to waveforms which were nonflat in the "closed glottis 
interval." 
In the frequency domain the nonflat closed glottis interval of the flow gave rise to a 
number of zeros. The spectral distance between the zeros apppeared to be inversely 
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proportional to the interval between the moments on which the lower and upper parts of the 
vocal folds are making contact 
In the real glottal flow, grossly the same properties were observed as in the effective 
glottal area (or short-circuit flow), be it that some source/load interaction effects were 
superposed. The most characteristic features in the frequency domain which were influenced 
by the degree of vertical phasing of the vocal folds were the number of zeros introduced. The 
leak opening was found to control mainly the asymptotic level of the spectrum and the depth 
of the zeros, at least at relatively small leak openings. 
The glottal flow waveforms which are generated by our model look very much like 
those which are usually obtained by means of inverse filtering. Our study, however, 
indicates that one should be careful in interpreting flow waveforms which are obtained by 
inverse filtering. There are two important points which have to be kept in mind. First, a flat 
portion in the flow waveform does not necessarily correspond to zero flow. And second, the 
flat portion of the flow waveform in the closed glottis interval (if present at all) needs not to 
to have the same duration as the flat portion in the projected glottal area; instead, it is 
determined by the interval during which the vocal folds are pressed together over the entire 
glottal depth. 
A nonflat portion in the "closed glottis interval" of the glottal flow means that neither the 
subglottal nor the supraglottal system can be considered to be completely stationary and 
undriven during that time, so that spectral peaks in the spectrum of the subglottal and 
supraglottal pressure do not necessarily correspond to the natural frequencies of the 
respective cavities. Already at relatively small leak openings the formants in the pressure 
signals will deviate appreciably from the resonance frequencies. 
Using the subglottal parameter of Ishizaka et al. and doing the same analyses on the 
subglottal pressure signals generated by the A&F model as on our own measurements, we 
were able to show that realistic subglottal pressure signals can be produced if only a suitable 
combination of leak opening and vertical phasing is chosen. An explanation could be given 
for the discrepancy between our finding that the first spectral maximum in subglottal pressure 
signals is located at 510 Hz and the characteristics of the first formant as found by Ishizaka et 
al. by assuming that the excitation function did not have a spectrum which simply falls off 
with -12 dB/octave, but has a more complex structure. 
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Chapter 5 
THE ACOUSTIC IMPEDANCE OF THE GLOTTIS 
Modeling and measurements * 
Paper with L. Boves presented at the Vocal Fold Physiology Conference in New 
Haven (1985) which appeared in print in 1987 in Laryngeal Function in Phonation 
and Respiration edited by Th. Baer, C. Sasaki, and K. Harris (College-Hill, 
Boston), pp. 203-218. 
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INTRODUCTION 
It is commonly accepted that the periodic opening and closing of the vocal folds during 
phonation is a purely passive process; and that due to a periodic energy exchange between 
the air in the glottis, on the one hand, and the elastic tissues, on the other, oscillatory motion 
can be sustained. Two main problems are to be solved if one is to understand the functioning 
of the voice source in greater detail. 
First, one must investigate the interplay between aerodynamic and visco-elastic forces. 
In other words, one has to establish the relation between pressure distribution within the 
glottis and glottal geometry. 
Second, one has to express in an equation the relation between transglottal pressure and 
glottal flow (i.e., the acoustic impedance) as a function of the glottal geometry. In practice, 
the visco-elastic and aerodynamic processes may interact intricately. In this paper, we 
assume that these problems can be treated separately by using a sensible combination of 
measurement data and modeling studies. The paper will deal only with the problem of the 
acoustic impedance. 
From modeling studies (Ishizaka and Matsudaira, 1972), it has become clear that a 
model of the vocal folds has to consist of at least two masses per fold if it is to replicate the 
most basic features of phonation. This, however, applies mainly to the mechanical properties 
of the model. From an acoustic point of view, a single duct glottis can be sufficient For, as 
Cranen and Boves (1985b) showed, a two-section glottis can be transformed into a 
one-section glottis under certain conditions, although much of the physiological 
interpretability may get lost in this transformation. However interesting this aspect may be to 
someone interested in speech synthesis, we feel that a two-section glottis is to be preferred in 
fundamental research. 
The goals of our research are to investigate whether the two-mass model of Ishizaka and 
Flanagan (1972) provides an adequate description of the acoustic impedance of the glottis. 
We have chosen the two-mass model as our starting point, since it is the simplest model that 
allows a more or less direct interpretation of the glottal geometry. This model was also 
chosen because, unlike the one-mass model, it cannot be shown to be inadequate, on a 
priori, theoretical grounds, although flow waveforms generated with this model do not 
always look very realistic. Furthermore, we will investigate the degree to which the output of 
the model is sensitive to small variations in the most important parameters. 
In general, the adequacy of a model is not an objective measure. It strongly depends on 
the modeling purposes one has in mind. In this paper, we define the acoustic impedance 
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model to be adequate if it succeeds in correctly predicting the dynamic behavior of the air; 
i.e., if it succeeds simultaneously in correctly predicting the momentary particle velocity and 
the momentary particle acceleration. We compare the output of the model (glottal flow and its 
derivative) with waveforms derived from measurements. 
The model is driven by measured transglottal pressure waveforms and the glottal area 
waveforms used are synthesized from information contained in the photoglottogram (PGG) 
and electroglottogram (EGG). All measurements used in this study form part of the database 
of signals that were recorded simultaneously on two Dutch subjects who read VCV and 
CVCV words, and that was described in detail in Granen and Boves (1985b). The set of 
signals is comprised of the subglottal pressure at approximately 2.5 and 7.5 cm below the 
glottis, the supraglottal pressure at approximately 2.5 and 73 cm above the glottis, the EGG, 
the PGG, and the speech wave. 
I. OPTIMALITY CRITERIA FOR FITTING SIGNALS 
When attempting to test the adequacy of a model of the voice source by comparing the 
signals it generates with actual measurements, a number of nontrivial decisions have to be 
made before the work can even begin. First of all, one has to decide on the signal or signals 
the model should approximate in some optimal sense. In the second place, the optünality 
criterion has to be chosen. In practice, the two aspects appear to interact At fint thought, the 
appropriate choice seems to be some formal minimization procedure, such as least squares or 
Chebyshev procedures in the time domain, or a comparable formal distance measure in the 
frequency domain. At second thought, however, the usual formal minimization criteria, 
which work well with stationary signals, are not very useful when dealing with signals that 
are inherently composed of a number of consecutive intervals in which the signal 
characteristics are significantly different. Our attempts to employ these formal criteria are 
frustrated consistently by our inability to find sensible ways to enforce a precise fit between 
the signals at the most important points (e.g., at glottal closure) while retaining a reasonable 
fit in the less important intervals (e.g., during the closed glottis interval). 
Since formal optimization criteria do not seem to provide optimal results from a 
conceptual point of view, we opted for an interactive procedure in which the model output is 
fitted to the measured signals by hand and the goodness of fit assessed by eye. When 
applying this procedure to the glottal flow signal, it appeared that a close fit between the 
model output and the measured signals could be obtained. Yet, the derivatives of the modeled 
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and measured signals were often quite different. The same problem occurred when we tried 
to fit the derivatives and then compared the integrated (flow) waveforms. This, again, is 
because the signals we are dealing with are inherently nonstationary. 
Although the flow derivative (dU Idi) is a more interesting and important signal 
(Ananthapadmanabha, 1984), we cannot justify having a glottal model produce flow (C/ ) 
waveforms that are clearly inappropriate. Thus, we decided to try to obtain a simultaneous 
optimization for the U and dUJdt waveforms. Note that simultaneous approximation of the 
flow and flow derivative signals corresponds with the phase plane descriptions widely used 
in the study of nonlinear systems. 
Π. PARAMETERIZATION OF THE CROSS-SECTIONAL AREAS OF 
THE GLOTTIS 
Normally, the aerodynamical, acoustic, and mechanical properties of the two-mass 
model cannot be studied individually. This is because the glottal geometry is determined by 
the movements of the masses; while the movements of the masses, in turn, are determined by 
the pressure distribution within the glottis. A same sort of feedback loop can be discerned for 
acoustic impedance. The subglottal and supraglottal resonances are excited by the glottal flow 
pulses; while the glottal flow, in tum, is determined by the transglottal pressure and the 
glottal geometry. However, since we made measurements that describe the glottal geometry 
and the transglottal pressure, the acoustic impedance part of the model can be studied without 
implementing a complete speech production model. The output of those model parts not 
implemented can be replaced by measurement data. The advantage of such an approach is 
clear. Modeling becomes less time consuming because no iterative loops are needed in the 
model, and even more important, because there is no need for introducing models of the 
vocal tract and the fold mechanics. Therefore, no extra uncertainties are introduced about the 
effects directly caused by the acoustic impedance model and by choices of parameters in 
other blocks of the model. 
FIG. 5.1: A set of simultaneous signals representing the EGG, the derivative of the EGG, the PGG, 
the transglottal pressure (Plr), the derivative of the glottal volume flow d/di(U ) (dashed line is zero 
level), and glottal volume flow (I/ ). Moments of glottal closure and opening which are derived by peak 
picking in the differentiated EGG are marked by* and o, respectively. 
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The acoustic impedance of the glottis of the two-mass model, which consists of two 
consecutive ducts with rectangular cross-sectional areas, is given by Eq. (S.l) (cf. Ishizaka 
and Flanagan, 1972): 
ig= 7^{· 
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(5.1) 
with: Pp transglottal pressure, 
U glottal volume flow, 
A j , A 2 areas of lower and upper pan of the glottis, respectively, 
Aj cross-sectional area of the pharynx, 
/ length of the glottal slit, 
dj, ¿2 thickness of the masses in lower and upper part of the glottis, 
ρ mass density of the air, 
β kinetic viscosity of the air. 
For the length of the glottal slit (/) and the thicknesses (<i/, d2), we have adopted fixed 
values; i.e., the "typical" values used by Ishizaka and Flanagan (1972): / = 1.4 cm; d¡ = 0.25 
cm; d2 = 0.05 cm. Thus, in order to be able to use Eq. (5.1 ) for obtaining glottal flow 
estimates, the waveforms of transglottal pressure, the glottal areas A . and A -, and the 
pharyngeal area А7 must be known simultaneously. 
As far as the transglottal pressure is concerned, we have many recordings at our 
disposal, but corresponding data on the glottal geometry are relatively incomplete. From the 
EGG, we can detect the moments of glottal opening and closing (Childers and 
Krishnamurthy, 1985); and from the PGG, we can learn how the projected glottal area varies 
in time. These signals, however, are not enough to uniquely determine the cross-sectional 
areas A . and A j - About the pharynx diameter we know even less, but this parameter has 
no influence on the glottal flow calculation when the pharyngeal area is much greater than 
A 2 which will generally be the case during normal phonation. 
In the following discussion, we use synthetic glottal area waveforms chosen in such a 
way that the projected glottal area and the moments of opening and closing correspond to the 
measurements. Using synthetic areas, instead of generating them by a mechanical oscillator 
model, allows more direct control over those aspects of the area waveforms that appear to 
have large effects on the flow. 
A number of remarks should be made about the glottogram signals, especially the PGG. 
It is well known that the PGG cannot be calibrated in an absolute sense. Consequently, the 
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presence of a flat portion in the PGG, during what usually is interpreted as the closed glottis 
interval, does not prove that the glottal area is indeed zero. We cannot rule out the possibility 
that the glottal area (A ) remains at a small positive constant value; e.g., due to incomplete 
closure of the caitilagenous glottis. 
Incidentally, in our measurements the flat interval corresponding with presumed 
complete glottal closure occurs very seldom, if at all. The PGG as displayed in the third 
panel of Fig. 5.1 is rather typical. The PGG shows a discontinuity in the derivative at the 
moment of glottal closure, as it can be derived from the EGG. The minimum value, 
however, is reached a short time after the moment of closure. Immediately after the absolute 
minimum has been attained, the PGG starts rising again, and it reaches a level well above the 
minimum by the moment of glottal opening, again determined from the EGG. In a first 
approximation, this gradual rise of the PGG during the "closed glottis" interval can be 
modeled with two linear segments. Generally, it appears to be possible to choose the first 
segment as a constant, corresponding to a stationary glottal area. The second segment then 
represents the linearized increase of the glottal area during the interval where the ligamental 
glottis is presumably closed over almost its entire length. 
Assuming that the "closed glottis" interval actually consists of two phases and further 
assuming that the projected glottal area, A (as represented by the PGG), can be described as 
the minimum of the areas Agl and A .. and, finally, assuming that A . lags behind Α ¡, we 
arrive at the following equation for the areas of the two sections of the glottis (cf.. Fig. 5.2): 
Í с (f0<f<0) 
А
я№а-і,г)= 1 НЫ]) + е <ti<t<t2) (5.2) 
with b, c. A, h, and φ real valued constants and T0 the duration of a glottal cycle. 
Thus each glottal cycle is thought to be composed of three nonoverlapping intervals. 
Interval I: The area of the glottis section under consideration is a constant; i.e., the masses 
are blocked in their movement due to collision. Note that we do not assume this constant 
to be zero; there may be a leak in the posterior commissure. Although the two-mass model 
as described by Ishizaka and Flanagan (1972), does not allow for any leak, this can be 
introduced by assuming a fixed bypass connected to the glottal slit or by inserting clamps 
between the masses. 
Intervalli: The area of the glottis section under consideration increases relatively slowly. The 
increase is assumed to occur linearly. This interval was mainly introduced to be able to fit 
the nonflat "closed glottis" interval of the PGG. 
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FIG. 5.2: The A 
parameterized. Three 
not necessarily ω be taken zero. 
У and A 2 waveforms used in the evaluation of the acoustic impedance are 
ее intervañ are discerned, denoted I, II, : , and III [cf., Eq. (5.5.2)]. The base level (c) is 
Interval III: The area of the glottis section under consideration changes relatively rapidly. For 
simplicity this change is assumed to be sinusoidal. The frequency of the sinusoid is taken 
equal to F0. This has been done in order to emphasize that, in a first approximation, the 
mass movements are considered as the output of a linear oscillator which is forced to a 
fixed position part of the time (during collision). Note that in setting parameters for A ¡, t0 
and fj coincide with glottal closure, and in setting parameters for A
 2. t2 corresponds with 
glottal opening (cf., Fig. 5.3). The position of tj is not prescribed by any of the measured 
signals; it is the experimenter who determines interactively what is optimal. 
We would like to stress that parameterization proposed here is not meant to model the 
physiological reality as precisely as possible. Instead, we believe that it is quite plausible that 
Ag¿(0 during interval ΙΠ deviates appreciably from a pure sinusoid. We believe, however, 
that this is of minor importance for the investigations we reported on liere. The 
mathematically simple parameterization has been chosen for illustrative purposes only. 
In Fig. 5.3, it is shown how a specific PGG can be reconstructed by means of 
parameterized A . and A
 2 waveforms. The procedure is more or less sequential for several 
reasons. First, as can be seen from Fig. 5.3, the opening phase is completely governed by 
Ag2 while the closing phase is determined by A ¡. Furthermore, in order to obtain a close fit 
of the PGG in the top, it is necessary that the top also is governed by the A j waveform. If 
not, Ag2 would not lag in phase with Agl. In other words, interval ΙΠ of A . is completely 
determined. The same holds for intervals I and II of A^. Thus, if we assume that A . and 
A - are equal in interval I, that the durations of intervals I and Π are equal for both A ¡ and 
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Ag2, and that the proportionality constant in interval Π is equal to the ratio of the top 
amplitudes in interval III, the only unknown parameters are those that determine the 
sinusoidal part of A i2. With these parameters the time interval between the moment on which 
the lower masses collide and the moment on which the upper masses collide (i.e., the degree 
of "vertical phasing") can be controlled. 
5 10 
time (ms) 
FIG. S.3: Example of how the PGG (solid line) can be reconstructed by means of synthetic A 
waveforms (dashed lines). Í« 
Ш. EVALUATION OF THE ACOUSTIC IMPEDANCE OF THE GLOTTIS 
We now show how the characteristic parameters of the A j and A - waveforms 
influence the flow waveforms predicted by Eq. (5.1). We base the evaluation of the glottal 
acoustic impedance on the set of signals shown in Fig. S.l. It is a representative sample of 
simultaneous registrations recorded during the production of the vowel /a/ and it shows 20 
ms of the EGG, the differentiated EGG, the PGG, the transglottal pressure, an estimate of 
the derivative of the glottal flow, and an estimate of the glottal flow. The last two signals will 
be used to compare with the model output 
Because there is no room for an extensive justification of the procedure used to obtain 
the glottal flow estimates, we only briefly indicate the procedure followed. It is assumed that 
the acoustic phenomena around the glottis can be described by means of equations for 
plane-wave propagation in ducts. This yields a relation between pressure gradient and flow 
(Cranen and Boves, 1985b). Because we have measured pressure at two locations in the 
same cavity, we obtain an estimate for the pressure gradient by subtracting the two 
pressure signals. Because the sensors are located at a distance of approximately 2.5 and 
7.5 cm from the glottis, the waveforms of pressure gradient, and flow estimate, apply to a 
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5 10 
time (ms) 
FIG. 5.4: Using Eq. (S 1) from the text, a very close fit of the modeled signals (dotted lines) with the 
measurement data (solid lines) can be obtained Shown are the simultaneously optimized waveforms of 
A^j and A 2· äläifUJ, and U The rest opening of the glottis is 18% of the top amplitude of A ¡ 
The duration of interval II is 60% of the closed glottis interval. 
location situated at approximately 5 cm from the glottis By assuming a lumped parameter 
model of the tubes just above and below the glottis (cf., Granen and Boves, 1985a) it is 
possible to obtain an estimate of the glottal flow: The measured flow waveform must be 
augmented with a compensation term that represents the flow component due to the tube 
element between the measurement location and the glotbs. Using this procedure, it can be 
shown that subglottal and supraglottal measurements lead to identical estimates of the glottal 
flow This is interpreted as an indication that the procedure is valid. 
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Figure 5.4 shows that an extremely close fit between model output and measurement 
data can be obtained. The "optimum" parameters have been established interactively. The 
glottal areas used to fit the PGG are generated according to Eq. (5.2) but afterwards 
smoothed in order to avoid unwanted ripples in the output due to discontinuities in the 
derivative of the A • waveforms. 
We now discuss the effects of the most important A . waveform features, when they are 
varied around the optimum values. 
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FIG. 5.5: The effect of different rest openings of the glottis. Left: Rest opening is 9% of the top 
amplitude of Ag]. Right Rest opening is 27% of the top amplitude of A .. Shown (from top to 
bottom) are the waveforms of A . and A -, dldt(U ) , and U . All waveforms that apply to the 
measurement data are drawn with solid lines, those that apply to the model are drawn with (lotted lines. 
A. The rest area of the glottis 
Very oftçn, "measured" flow waveforms like those in the last panel of Fig. 5.1, and 
those obtained by inverse filtering techniques, show a closed glottis interval that is not 
completely flat The flow waveforms characteristic of the two-mass model in its pure form 
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always have a zero closed glottis interval. Fig. 5.4, however, illustrates that a very accurate 
reconstruction of the dynamic behavior of the air can be obtained, if only provision is made 
to allow for modeling a leak, in order to obtain realistic flow waveforms. The leak area used 
[i.e., the constant с in Eq. (5.2)] amounted to 18% of the top value of Л
 ; . 
In Fig. 5.5, the model outputs are shown for two different, nonoptimal leak areas (9% 
and 27% of the top amplitude of Agl, respectively). It appears that the ripple in U and 
dUgldt, due to the formant structure of the transglottal pressure, becomes greater as the rest 
opening of the glottis increases. Also, and perhaps partly due to the formant interaction, the 
slope of the glottal flow at the moment of glottal closure remains well below the measured 
value. When the rest opening is given a value smaller than that needed for an optimal fit, the 
flow derivative at closure becomes too large and the linear decrease in I/ just after closure, 
which is a characteristic feature of all flow waveforms of this speaker, disappears. 
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time (ms) 
FIG. 5.6: The effect of a different degree of vertical phasing. Shown (from top to bottom) are the 
waveforms of A . and Λ ., dldt(U ) and U . All waveforms that apply to the measurement data are 
drawn with solidiines, those that apply to the model are drawn with dotted lines. 
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В. The phase delay between AEl and A 
The phase delay between A j and Α ¡, от more precisely the time interval between the 
moments on which the masses one and two collide, is indirectly determined by the offset (A) 
in Eq. (5.2). In Fig. 5.6, two different, nonoptimal phase delays have been chosen to 
illustrate the effect on the flow waveform and its derivative. The dc offset of the A ,- and 
8' 
Ag2 waveforms are the same as in Fig. 5.4. The first example shows the effect when the 
phase delay is chosen too large; the other, if it is chosen too small. When the phase delay 
chosen is too large, the ripple in the transglottal pressure gives rise to a ripple in the flow 
derivative that is too large. If the phase delay is taken too small, the slope of the flow at 
glottal closure is not steep enough. We see that the ripple in the flow due to the formant 
structure in the transglottal pressure interacts quite severely with the closing of the upper part 
of the folds if there is a rest opening of the glottis. 
FIG. 5.7: The effect of discontinuities in 
the derivatives of the A • waveforms. From 
top to bottom are shown the unsmoothed 
waveforms of Ay and A 2 , <Udt(UJ and U . 
All waveforms mat apply to the nwasurement 
data are drawn with solid lines, those that 
apply to the model are drawn with dotted 
lines. 
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FIG. 5 .8 : The effect of different choices for the length of intervals I and II in the A · 
parameterizations. Left Duration of interval II is 90% of the closed glottis interval. Right: Duration of 
interval Π is 30% of the closed glottis interval. Shown (from top to bottom) are the waveforms of A , 
and A 2· dldt(UJ and U . All waveforms that apply to the measurement data are drawn with sofid 
lines, mose that apply to the model are drawn with dotted lines. 
С The smoothness of glottal opening and closing 
Until now, we limited ourselves to an optimal approximation of the PGG. However, no 
attention has been given to the derivative of the area waveforms. The parameterization 
described by Eq. (5.2) introduces discontinuities in the A • derivative. These discontinuities 
appear to give rise to ripples in the model output and become especially apparent in the flow 
derivative (cf. Fig. 5.7). In all other figures, these artefacts are removed by smoothing the 
parameterized waveforms A j and A
 2 with linear smoothers, a filter that simply averages N 
samples. The order N of the filter is switched in each glottal cycle so that the opening phase 
is treated with another filter than the closing phase. The opening phase is filtered with a 
higher order (N = 15) filter than the closing phase (N = 3). The moment on which the filter 
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order is switched is chosen so that the output of the filter is as continuous as possible and 
does not introduce noticeable artefacts in the flow. These moments differ for A
 ; and A 2. 
This procedure may seem somewhat artificial, but it clearly shows the importance of a good 
control of the derivatives of the Ag¡ and Ag2 waveforms. In practice, the flow calculation 
appears to be less sensitive to the values of that A . and/or its derivative, which does not 
determine the projected glottal area. This is considered a confirmation of the hypothesis that 
the outcomes of our study will not be seriously affected if the A · waveforms in interval Ш 
cannot be modeled as a sinusoid. Note, however, that in that case also the possibilities to 
interpret the amplitudes of A . in interval ΠΙ are restricted. 
Finally, in Fig. 5.8, the effect of the linearly growing part in the A curves is shown. 
Two examples are shown where the position of ¡¡, and consequently the slope of the linear 
part in interval Π, is varied. The effect on the flow waveform becomes especially visible 
when tj is positioned too late. Apparently, we have to adopt some mechanism which allows 
for small changes in the glottal geometry before the moment of glottal opening, which is 
detected from the EGG in order to generate flow waveforms that closely resemble the 
measured flow waveforms. 
IV. CONCLUSION 
Using physiological measurements we have investigated the adequacy of the acoustic 
part of the two-mass model (Ishizaka and Flanagan, 1972). Adequacy was defined as 
requiring that both volume flow and its derivative predicted by the model had to fit the 
estimates derived from the measurements. By means of a representative set of sample 
measurements, it was shown that it is possible to approximate the measurements very 
accurately. For a good fit, however, a nonzero rest opening of the glottis had to be assumed 
in the interval classically called the closed glottis interval. Furthermore, it appeared to be 
important to control not only the A · waveforms but also their derivatives. This may have 
some important consequences if one has plans to use a complete two-mass model for 
synthesis. It means that one would like to have a parametric representation of the mechanics 
that allows an explicit control of both the position and the velocity of the masses. 
If the glottal area A is not (very close to) zero during the "closed glottis" interval, a 
number of effects must be accounted for. First of all, transglottal pressure waveforms 
computed by subtracting oral pressure from subglottal pressure gain reality also during the 
"closed glottis" interval. Next, changes in the glottal geometry at a point where the folds are 
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not in contact are no longer arbitrary. The effect on the flow waveform and its derivative due 
to movement of the upper and lower part of the vocal folds out of phase becomes more 
apparent when the rest opening of the glottis in the "closed glottis" interval is larger. The 
"fixed" bypass serves as a significant modifier for the glottal flow ripple, and it does not 
seem warranted in all cases to ascribe all flow-vocal tract interaction only to the open glottis 
interval. This observation may give new impetus to research into "voice quality" description. 
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SUMMARY 
Voiced speech sounds are often considered as the output signal of a filter which is 
excited by a quasi-periodic current source with an infinitely high internal impedance. The 
pulses produced by this current source (generally indicated by "voice source") represent the 
quasi-periodic airflow at the entrance of the vocal tract. The filter models the acoustic 
resonance behavior of the vocal tract Since the shape of the vocal tract changes during the 
articulation of different speech sounds, the filter is time-variant The assumption of an 
infinitely high internal impedance is equivalent to assuming that the filter does not influence 
the waveforms of the glottal flow/current pulses to a noticeable degree. 
A closer examination of the processes underlying the generation of voiced sounds 
reveals that the idea to consider source and filter independent cannot be maintained under all 
circumstances. The way in which the glottis opens and closes does indeed determine the 
waveform of the glottal flow pulses to a very large extent, but the pressure changes in the 
vocal tract also have a nonnegligible effect Since the pressure changes in the vocal tract are 
in turn induced by the airflow pulses, transglotal pressure and flow are nonlinearly related. 
Through the yean a number of propositions have been made to capture the behavior of 
the air in the neighborhood of the vocal folds by means of a parametric model. Some of these 
models are purely based on a mathematical parameterization of the flow waveform. Other 
models try to account for the most important physical processes underlying the generation of 
voiced sounds: the behavior of the air in the glottis, the interaction between the air and the 
vocal fold tissues, and the motions of the vocal folds themselves. This thesis describes a 
number of investigations the aim of which is to verily whether one of the simpler physically 
based models (i.e., the two-mass model of the vocal folds) provides a sufficient basis to 
describe the behavior of the air in the neighborhood of the glottis adequately. It should be 
noted that no attempt is made to check the adequacy of the model as far as the interaction 
between airflow and vocal folds is concerned, neither the details in the vocal fold motions 
themselves. The present research is restricted to an investigation of the acoustic impedance of 
the glottis, i.e., the relation between transglottal pressure and glottal flow. An attempt is 
made to establish whether the glottal impedance in the two-mass model, which does not only 
depend on (projected) glottal atrea but also on other aspects of the geometry, gives an 
adequate account of the physical reality in normal phonation. 
The present research is divisible into two more or less independent parts. The first part 
consists of the 'development of a measurement setup by means of which the acoustic behavior 
of the air can be recorded simultaneously with the relevant characteristics of the vocal fold 
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motions. An additional requirement is that the measurements have to take place in such a 
way that the subjects still can speak normally. In the second part of the research it is 
investigated to what extent the measurements confirm the hypothesis that the way in which 
the acoustic impedance of the glottis is represented in the two-mass model is adequate. 
The set of signals needed to characterize the acoustic impedance of the glottis ideally 
consists of (1) the transglottal pressure, (2) the airflow through the glottis, and (3) one or 
more signals describing the relevant properties of the glottal geometry. Starting point for 
designing our experimental setup was that according to existing theory measuring (under 
normal speech production conditions) the pressure at two locations above and at two 
locations below the vocal folds, simultaneously with the photoglottogram (PGG), and the 
electroglottogram (EGG) should provide an adequate approxiomation of the information 
needed to reach our goal. By measuring the pressure at two locations not too far apart one 
obtains information about pressure gradient which, under the assumption of plane-wave 
propagation, can be considered to be representative of airflow, while the PGG can be inter-
preted to a certain extent as the projected glottal area, and the EGG as changes in the contact 
area between the folds. 
Measuring EGG and PGG are well-known methods within the field of Phonetics. 
Making broadband pressure recordings is a technique which has become feasible only since 
1970. The pressure sensors used in this research are semiconductor miniature strain gauges 
mounted on a thin catheter. These instruments are normally used for heart catheterization and 
have the property that they are rather sensitive to temperature changes (despite the 
compensation circuitry). In speech research where the transducers are used outside the 
pressure range they are developed for, the temperature effects may become of the same order 
of magnitude as the pressure effects one wants to measure. The precautions which have to be 
taken in order to obtain interpretable pressure registrations are given due attention within this 
thesis. For that purpose, a.o. a special "in vivo" calibration technique is developed since for 
the measurement of pressure gradient it is also of crucial importance that all pressure signals 
can be interpreted on the same scale. The problems related to the measurement of physio-
logically relevant signals on subjects during normal speech production form the main subject 
of Chapter 2. 
In order to be able to use the measured pressure signals for calculating flow at locations 
directly below or above the vocal folds, a number of assumptions have to be made. In order 
to decide which assumptions are realistic, one needs a good understanding of the physical 
behavior of the air in the neigborhood of the sensors. This behavior can be described 
relatively simply if plane-wave propagation occurs. Furthermore, the behavior of the air 
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particles depends on the properties of the tubes in which the measurements take place. Due to 
the multitude and complexity of the factors that determine the behavior of the air particles it is 
important to know under which conditions certain simplifying assumptions are justified. In 
Chapter 3 it is made plausible that in the trachea and phaiynx the velocity profiles are uniform 
above a certain frequency (i.e., for frequencies above 10 Hz the assumption of plane-wave 
propagation is warranted). Next, under the assumption of plane-wave propagation, the 
measured pressure recordings are used to investigate pressure gradient and flow waveforms. 
Because the pressure sensors were located at finite distances from each other and from the 
glottis, it is impossible to interpret the measured pressure gradients in terms of flow at the 
glottis directly. What is obtained appears to be the flow at a given distance from the glottis, 
and a procedure has to be developed by means of which one may compensate for the effects 
due to the tube section between the measurement location and the glottis. It is shown that if 
the tube wall can be considered rigid, it is possible to estimate the flow at the glottis in a 
simple and reliable way. By means of a modeling study, and also by comparing pressure and 
pressure gradient signals that were measured in the subglottal and supraglottal cavities, it is 
shown that the method for estimating glottal flow from pressure gradient in the trachea and 
the pharynx can be apllied without further complications in all those situations where the 
pressure signals have their first spectral peak at a frequency which is well above the 
resonance frequency of the walls. If this requirement is not fulfilled, the mechanical 
properties of the tube wall must also be taken into account 
After it has become clear under which conditions reliable estimates can be made of the 
flow at the glottis, an attempt is made to evaluate the formula that describes the acoustic 
impedance of the glottis in the two-mass model of the vocal folds. It appears that the original 
formulation is not completely adequate for the description of normal voices: The 
measurements indicate that there is often a small airflow during the time the vocal folds are in 
complete contact; the original two-mass model is not capable to account for this effect, 
though. By introducing an extra parameter which allows to model a glottal leak, this 
discrepancy between model behavior and reality can be removed. We have tried to establish 
the practical value of this modified model in two ways. First, in Chapter 4, an explanation is 
sought for the fact that our measured subglottal pressure signals show spectral peaks at 
frequencies that differ from the values that would be expected from studies on the subglottal 
system described in the literature. It is shown that this discrepancy can be explained by the 
spectral properties of the excitation if one is willing to accept that a small leak opening 
remains during the closed glottis interval. Finally, in Chapter S, an attempt is made to use the 
model for simultaneously simulating the glottal flow, the flow derivative, and the PGG, 
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using the measured transglottal pressure, and the moments of glottal opening and closing 
derived from the EGG to drive the model. Although the quantitative aspects of these studies 
with the leaky two-mass model are as yet somewhat uncertain, the outcomes certainly 
indicate that further investigations of the possible influence of an incompletely closing glottis 
on the waveform of the air pulses, and therewith on voice quality, is desirable. 
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SAMENVATTING 
In de spraakverwerking worden stemhebbende spraakklanken vaak opgevat als het 
uitgangssignaal van een filter dat wordt aangestuurd door een quasi-periodieke stroombron 
met een oneindig hoge interne impedantie. De door die stroombron (meestal aangeduid als 
"stembron") gegenereerde pulsen representeren de quasi-periodieke luchtstroom aan de 
ingang van de mond/keelholte. Het filter modelleert de akoestische resonantieprocessen in de 
mond/keelholte die in gang gezet worden door de luchtpulsen van de stembron. Omdat de 
mond/keelholte tijdens articulatie van verschillende spraakklanken van vorm verandert, moet 
het filter in principe als tijdvariant beschouwd worden. Door een oneindig hoge interne 
impedantie van de stembron aan te nemen, veronderstelt men dat de belasting die het filter 
voor de stembron vormt geen noemenswaardige invloed heeft op de vorm van de afgegeven 
stroompulsen. 
Bij een nauwkeuriger analyse van de processen die een rol spelen bij de vorming van 
stemhebbende spraakgeluiden, blijkt het idee om bron en filter als volkomen onafhankelijk te 
beschouwen niet helemaal op te gaan. De manier waarop de glottis open en dicht gaat bepaalt 
welliswaar voor het belangrijkste deel de vorm van de luchtpuls, maar de in de mond/keel-
holte aanwezige drukvariaties zijn mede bepalend voor de details van de pulsvorm. Omdat de 
drukvariaties in de mond/keelholte op hun beurt door de luchtstroompulsen geïnduceerd 
worden, zijn druk en luchtstroom op niet-lineaire wijze met elkaar gekoppeld. 
Er zijn in de loop van de tijd een aantal voorstellen gedaan om het gedrag van de lucht in 
de buurt van de stembanden tijdens stemgeving in een parametrisch model te vatten. 
Sommige van die modellen zijn puur gebaseerd op een parametrische beschrijving van de 
golfvorm van de luchtstroom. Andere modellen trachten de belangrijkste aspecten van de 
fysische processen die ten grondslag liggen aan stemgeving te incorporeren: het luchtgedrag 
in en om de stemspleet (de glottis), de interactie van de lucht met de stembandweefsels, en de 
bewegingen van de stembanden zelf. Dit proefschrift beschrijft een onderzoek dat ten doel 
had na te gaan of een van de meer eenvoudige fysisch georiënteerde modellen (i.e. het 
twee-massa model van de stembanden) voldoende basis biedt om het luchtgedrag in de buurt 
van de stemspleet adequaat te beschrijven. Hierbij zij opgemerkt dat er geen poging gedaan 
wordt om uitspraken te doen over de adequaatheid van het model voor wat betreft de 
beschrijving van interactie tussen luchtstroom en stembanden noch van details in de 
stembandbewegingen. Dit onderzoek wil alleen uitsluitsel geven over de vraag of de relatie 
tussen transglottale drukval en luchtstroom (i.e. de formule voor de akoestische impedantie) 
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zoals die gehanteerd wordt in het twee-massa model van de stembanden, en die niet alleen 
afhankelijk is van (geprojecteerd) glottisoppervlak maar ook van andere details in de 
geometrie van de stemspleet, een conecte beschrijving geeft van de werkelijkheid. 
Het onderzoek kan worden opgedeeld in twee min of meer eigenstandige delen. Het 
eerste deel omvat de ontwikkeling van een meetopstelling waarmee bij normaal sprekende 
proefpersonen zo volledig mogelijk het akoestische gedrag van de lucht kan worden 
geregistreerd in samenhang met de stembandbewegingen. In het tweede deel wordt nagegaan 
in hoeverre de geregistreerde meetgegevens een bevestiging vormen voor de hypothese dat 
de manier waarop de akoestische impedantie van de glottis in het twee-massa model is 
gerepresenteerd, adequaat is. 
De verzameling signalen die nodig zijn om de akoestische impedantie van de glottis te 
karakteriseren bestaat idealiter uit 1) de drukval over de glottis, 2) de luchtstroom door de 
glottis, en 3) een of meer signalen die de relevante eigenschappen van de stemspleet-
geometrie beschrijven. Het uitgangspunt bij de gehanteerde experiment-opzet is dat op basis 
van bestaande theorie verwacht moet worden dat de bovengenoemde verzameling nagenoeg 
gerealiseerd kan worden door (onder normale spraakproductie-condities) bij proefpersonen 
de druk op twee plaatsen onder en op twee plaatsen boven de stembanden te meten, 
simultaan met het fotoglottogram (PGG) en het clektroglottogram (EGG). Door de druk op 
twee verschillende plaatsen die niet te ver van elkaar liggen te meten verkrijgt men behalve 
over druk immers ook gegevens over drukgradiënt, die (onder de voorwaarde dat er vlakke 
golfvoortplanting optreedt) als maatgevend voor de luchtstroom kan worden beschouwd, 
terwijl het PGG tot op zekere hoogte geïnterpreteerd kan worden als geprojecteerd 
glottisoppervlak, en het EGG veranderingen in het contactoppervlak tussen de stembanden 
representeert 
Het meten van EGG en PGG zijn binnen de Fonetiek reeds lang vertrouwde methoden. 
Het maken van breedbandige drukregistraties is een techniek die pas sinds de jaren 70 
mogelijk is. De in dit onderzoek gebruikte sensors bestaan uit halfgeleider miniatuur-
rekstrookjes die gemonteerd zijn in een dunne catheter. Deze instrumenten worden normaliter 
voor hartonderzoek gebruikt en hebben de eigenschap dat ze, alle compensatieschakelingen 
ten spijt, tamelijk gevoelig zijn voor temperatuurwisselingen. Bij het onderzoek naar spraak-
productie waar de opnemers buiten het beoogde werkbereik gebruikt worden, kunnen de 
temperatuur-effecten van dezelfde orde van grootte worden als de drukeffecten die men wil 
meten. De voorzorgen die getroffen moeten worden om tot interpreteerbare drukregistraties 
te komen, krijgen ruime aandacht in dit proefschrift Voor dat doel is o.a. een speciale "in 
vivo" calibratietechniek ontwikkeld, omdat het voor het meten van drukgradiënten van 
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cruciaal belang is dat de druksignalen op een en dezelfde schaal kunnen worden 
geïnterpreteerd. De problematiek van het meten van fysiologisch relevante signalen bij 
proefpersonen tijdens normale spraakproducüe vormt het hoofdonderwerp van Hoofdstuk 2. 
Om van de gemeten druksignalen te komen tot uitspraken over flow op plaatsen direct 
onder en boven de stembanden is een aantal interpretatiestappen nodig. Deze interpretatie-
stappen zijn uiteraard alleen mogelijk wanneer men een goed beeld heeft van het fysische 
gedrag van de lucht in de buurt van de sensors. Dat gedrag kan op een relatief eenvoudige 
manier beschreven worden als er sprake is van vlakke golfvoortplanting. Verder hangt het 
gedrag van de luchtdeeltjes samen met de eigenschappen van de buis waarin gemeten wordt 
Gezien de veelheid en complexiteit van factoren die het gedrag van de lucht beïnvloeden, is 
het van belang te zoeken naar aanwijzingen op grond waarvan duidelijk wordt onder welke 
condities bepaalde vereenvoudigende aaannamen gemaakt kunnen worden. In Hoofdstuk 3 
wordt middels een theoretische beschouwing over snelheidsprofielen in pulserende flow 
aannemelijk gemaakt dat de snelheidsverdelingen in de trachea en mond/keelholte boven een 
bepaalde frequentie uniform zijn (d.w.z. voor frequenties boven ca. 10 Hz is vlakke 
golfvoortplanting een geldige aanname). Vervolgens worden, onder de aanname van vlakke 
golfvoortplanting de gemeten drukregistraties gebruikt om uitspraken te doen over 
drukgradiënt en flow-golfvormen. Doordat de druksensoren zich op een eindige afstand van 
elkaar en van de glottis bevonden, is het onmogelijk de gemeten drukgradiënten direct te 
interpreteren in termen van flow aan de glottis. Men moet genoegen nemen met de flow-
golfvormen op een bepaalde vaste afstand van de glottis, zodat men genoodzaakt is een 
procedure te ontwerpen waarmee men kan compenseren voor de invloed van het stukje 
trachea of pharynx tussen meetlocatíe en glottis. Er wordt aangetoond dat wanneer de 
pijpwand maar als hard kan worden beschouwd, het mogelijk is om uit onze metingen op een 
vrij eenvoudige en betrouwbare manier de golfvorm van de gioitale flowpulsen te schatten. 
Middels een modelstudie, alsook door de druk- en drukgradiëntgegevens m.b.t. de sub- en 
supraglottale holten met elkaar te vergelijken, wordt duidelijk gemaakt dat de methode zonder 
al te veel complicaties toepasbaar is wanneer de laagste spectrale piek van de druksignalen 
ruim boven de resonantiefrequentie van de wand ligt. Wanneer niet aan die laatste voor-
waarde voldaan is, moeten ook de mechanische eigenschappen van de pijpwand worden 
verdisconteerd. 
Nadat duidelijk is geworden onder welke condities er betrouwbare schattingen mogelijk 
zijn van de flow door de glottis, wordt een poging gedaan om de formule te evalueren die in 
het twee-massá model van de stembanden gebruikt wordt om de akoestische impedantie van 
de glottis te beschrijven. Hierbij blijkt dat de formulering van het oorspronkelijke model in 
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ieder geval niet volledig adequaat is voor de beschrijving van normale stemmen: de metingen 
geven aan dat er vaak kleine luchtstromen optreden gedurende de tijd dat de stembanden 
gesloten zijn; hiermee wordt in het oorspronkelijke twee-massa model geen rekening 
gehouden. Door het invoeren van een extra parameter in het model, een parameter die het 
mogelijk maakt te verdisconteren voor een lek in de gioitale afsluiting, kan deze discrepantie 
opgeheven worden. We hebben op twee manieren getracht de realiteitswaarde van dit 
(gemodificeerde) model te bepalen; daarbij dient echter meteen te worden aangetekend dat de 
geometrie van de glottis verre van compleet gekarakteriseerd is door onze metingen, zeker 
als er ook nog rekening gehouden moet worden met een lekopening. Allereerst wordt in 
Hoofdstuk 4 getracht met het gemodificeerde model te verklaren waarom de gemeten 
subglottale druksignalen spectrale pieken vertonen bij frequenties die niet liggen op de 
plekken waar men ze op basis van literatuurgegevens over de akoestische impedantie van het 
subglottale systeem zou verwachten. Het blijkt dat de schijnbare discrepanties kunnen 
worden opgeheven door aan te nemen dat er een lekopening blijft bestaan gedurende het 
interval waarin de stembanden elkaar volledig raken. In Hoofdstuk S tenslotte wordt 
gepoogd met dit model simultaan flow, flow afgeleide, en PGG te simuleren, gebruik 
makend van gemeten transglottale druk en de momenten van gioitale opening en sluiting 
zoals die uit het gedifferentieerde EGG kunnen worden afgeleid. Hoewel enige scepsis 
tegenover de quantitatieve aspecten van de studies met het gemodificeerde twee-massa model 
op zijn plaats is, pleiten de uitkomsten zeker voor een diepgaander onderzoek naar de 
mogelijke invloed die een eventueel niet compleet sluitende glottis kan hebben op de vorm 
van de luchtpulsen en daarmee op de stemkwaliteit 
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Stellingen 
bij het proefschnft van L11 Cranen 
THE ACOUSTIC IMPEDANCE OF THE GLOTTIS 
Measurements and Modeling 
1 
De door de Van den Berg-vergehjking beschreven evenredigheid tussen gioitale luchtstroom 
en gioitale oppervlakte gaat voor een met statische glottis alleen (bij benadenng) op wanneer 
men een effectieve glottisoppervlakte introduceert, hoe de golfvorm van deze effectieve 
oppervlakte er ook uit moge zien, hij zal in de meeste gevallen aanzienlijk verschillen van het 
geprojecteerde glottisoppervlak, met als belangrijkste onderscheid dat het interval welk 
traditioneel als "gesloten glottis interval" wordt aangeduid met noodzakelijkerwijze vlak is 
(dit proefschnft) 
2 
Het idee dat een met complete sluiting van de stembanden bjdens fonatie alleen maar aan-
leiding geeft tot een extra dc-component in de flow en daarom met van wezenlijk belang is 
voor de kwaliteit van het stemgeluid berust op een misverstand (dit proefschnft), om te 
komen tot natuurlijk klinkende synthetische spraak zal men dan ook moeten streven naar 
syntheüsatoren met een stembron waann op een of andere manier de vanatie van de gioitale 
restopemng tijdens het spreken op adequate wijze wordt verdisconteerd 
3 
Het visuele systeem van de mens is uitermate geschikt voor patroonherkenning, van dit 
gegeven dient de spraakonderzoek(st)er zich bewust te zijn wanneer hij/zij op zoek is naar 
wetmatigheden m grote hoeveelheden data en zorg te dragen voor een breed scala van flexibel 
te bedienen visuahsermgsinstrumenten 
4 
Gezien het gebrek aan inzicht in de processen die een rol spelen bij de menselijke stemgeving 
mag het een wonder heten dat sommigen van ons hun stemapparaat zo tot in de perfectie 
beheersen en er soms zelfs in slagen die kunst aan anderen over te dragen 
5 
De neiging van sommige drukbezette full-timers om een onevenredig deel van het extra werk 
door te schuiven naar part-timers omdat die nu eenmaal over meer "vrije tijd ' beschikken 
vormt een gevaar voor het geestelijk welzijn van de part timers waartegen zij zich dienen te 
wapenen middels goede afspraken bij aanname 
6. 
Teveel stichtingen kennen voor het oplossen van arbeidsgeschillen geen formele regeling 
waarbij een beroep gedaan kan worden op een onpartijdige bemiddelende instantie; hierdoor 
is het personeel in tijden van wrijvingen aan de wolven (lees: het stichtingsbestuur) over-
geleverd. 
7. 
Gezien het relatief grote aantal hoogleraar- en U(H)D-uren dat er aan de Nederlandse univer-
siteiten gespendeerd wordt aan de plechtigheid bij een promotie, moet men, al was het alleen 
maar om naar buiten toe op een geloofwaardige manier te laten blijken dat men werkelijk 
streeft naar een doelmatige tijd- en geldbesteding, streven naar een soberder decorum. 
8. 
Leraren die in hun enthousiasme vaak van lesvorm veranderen om zo de afwisseling te 
bevorderen, maar bij de keuze van de lesvorm het leerdoel niet voorop laten staan, 
degraderen het onderwijs daarmee al snel tot een vorm van bezigheidstherapie. 
9. 
Het aantal malen dat er door rood gereden wordt, dient (mede) te worden opgevat als een 
indicatie van de male waarin het betreffende stoplicht wordt ervaren als een ontkenning van 
de intelligentie der verkeersdeelnemers; door stoplichten ook in werking te zetten op 
tijdstippen dat de verkeerssituatie daar geen aanleiding toe geeft, werkt men in de hand dat 
het stoplicht meer en meer wordt gezien als een symbool van onze welvaartstaat zonder 
wezenlijke functie. 
10. 
Zolang er nog drogisten zijn die niet voor inwendig gebruik bedoelde vloeistoffen en venkel-
water in hetzelfde soort flesjes verpakken en deze flesjes bovendien van hetzelfde soort 
etiketjes voorzien, is het risico dat een oververmoeid ouderpaar de darmkrampjes van hun 
zuigeling op een wel erg onbedoelde manier tot zwijgen brengt onnodig groot. 




